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METHODS AND APPARATUSES FOR 
ENCOOING AND DECODING 

OBUECT-BASED AUDIO SIGNALS 

CROSS-REFERENCE TO RELATED 
APPLICATIONS 

This application is a continuation of, and claims priority to, 
pending U.S. application Ser. No. 12/438,929, filed Feb. 25, 
2009, entitled “Methods and Apparatuses for Encoding and 
Decoding Object-Based Audio Signals, which is a U.S. 
national phase application under 35 U.S.C. S371 (c) of Inter 
national Application No. PCT/KR2008/000883, filed Feb. 
14, 2008, which claims the benefit of U.S. Provisional Appli 
cation No. 60/901,089, filed Feb. 14, 2007, U.S. Provisional 
Application No. 60/901,642, filed Feb. 16, 2007, U.S. Provi 
sional Application No. 60/903,818, filed Feb. 28, 2007, U.S. 
Provisional Application No. 60/907,689, filed Apr. 13, 2007, 
U.S. Provisional Application No. 60/924,027, filed Apr. 27, 
2007, U.S. Provisional Application No. 60/947,620, filed Jul. 
2, 2007, and U.S. Provisional Application No. 60/948,373, 
filed Jul. 6, 2007, the entire disclosures of each of which are 
incorporated herein by reference. 

TECHNICAL FIELD 

The present invention relates to an audio encoding method 
and apparatus and an audio decoding method and apparatus in 
which object-based audio signals can be effectively pro 
cessed by performing encoding and decoding operations. 

BACKGROUND ART 

In general, in multi-channel audio encoding and decoding 
techniques, a number of channel signals of a multi-channel 
signal are downmixed into fewer channel signals, side infor 
mation regarding the original channel signals is transmitted, 
and a multi-channel signal having as many channels as the 
original multi-channel signal is restored. 

Object-based audio encoding and decoding techniques are 
basically similar to multi-channel audio encoding and decod 
ing techniques interms of downmixing several Sound sources 
into fewer Sound source signals and transmitting side infor 
mation regarding the original Sound Sources. However, in 
object-based audio encoding and decoding techniques, object 
signals, which are basic elements (e.g., the Sound of a musical 
instrument or a human Voice) of a channel signal, are treated 
the same as channel signals in multi-channel audio encoding 
and decoding techniques and can thus be coded. 

In other words, in object-based audio encoding and decod 
ing techniques, object signals are deemed entities to be coded. 
In this regard, object-based audio encoding and decoding 
techniques are different from multi-channel audio encoding 
and decoding techniques in which a multi-channel audio cod 
ing operation is performed simply based on inter-channel 
information regardless of the number of elements of a channel 
signal to be coded. 

DISCLOSURE 

Technical Problem 

The present invention provides an audio encoding method 
and apparatus and an audio decoding method and apparatus in 
which audio signals can be encoded or decoded so that the 
audio signals can be applied to various environments. 
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2 
Technical Solution 

According to an aspect of the present invention, there is 
provided an audio decoding method including receiving a 
downmix signal and object-based side information, the 
downmix signal being obtained by downmixing a plurality of 
object signals; extracting metadata from the object-based side 
information; and displaying object-related information 
regarding the object signals based on the metadata. 

According to another aspect of the present invention, there 
is provided an audio encoding method including generating a 
downmix signal by downmixing a plurality of object signals; 
generating object-based side information by extracting 
object-related information from the object signals; and insert 
ing metadata for rendering the object-related information into 
the object-based side information. 

According to another aspect of the present invention, there 
is provided an audio decoding apparatus including: a demul 
tiplexer configured to extract a downmix signal and object 
based side information from an input audio signal, the down 
mix signal being obtained by downmixing a plurality of 
object signals; a transcoder configured to extract metadata 
from the object-based side information; and a renderer which 
displays object-related information regarding the object sig 
nals based on the metadata. 

According to another aspect of the present invention, there 
is provided a computer-readable recording medium having 
recorded thereon a computer program for executing an audio 
decoding method, the audio decoding method including: 
receiving a downmix signal and object-based side informa 
tion, the downmix signal being obtained by downmixing a 
plurality of object signals; extracting metadata from the 
object-based side information; and displaying object-related 
information regarding the object signals based on the meta 
data. 

According to another aspect of the present invention, there 
is provided a computer-readable recording medium having 
recorded thereon a computer program for executing an audio 
encoding method, the audio encoding method including: gen 
erating a downmix signal by downmixing a plurality of object 
signals; generating object-based side information by extract 
ing object-related information from the object signals; and 
inserting metadata into the object-based side information, the 
metadata representing the object-related information. 

DESCRIPTION OF DRAWINGS 

FIG. 1 illustrates a block diagram of a typical object-based 
audio encoding/decoding system; 

FIG. 2 illustrates a block diagram of an audio decoding 
apparatus according to a first embodiment of the present 
invention; 

FIG. 3 illustrates a block diagram of an audio decoding 
apparatus according to a second embodiment of the present 
invention; 

FIG. 4 illustrates a block diagram of an audio decoding 
apparatus according to a third embodiment of the present 
invention; 

FIG. 5 illustrates a block diagram of an arbitrary downmix 
gain (ADG) module that can be used in the audio decoding 
apparatus illustrated in FIG. 4; 

FIG. 6 illustrates a block diagram of an audio decoding 
apparatus according to a fourth embodiment of the present 
invention; 

FIG. 7 illustrates a block diagram of an audio decoding 
apparatus according to a fifth embodiment of the present 
invention; 



US 8,204,756 B2 
3 

FIG. 8 illustrates a block diagram of an audio decoding 
apparatus according to a sixth embodiment of the present 
invention 

FIG. 9 illustrates a block diagram of an audio decoding 
apparatus according to a seventh embodiment of the present 
invention 

FIG. 10 illustrates a block diagram of an audio decoding 
apparatus according to an eighth embodiment of the present 
invention 

FIGS. 11 and 12 illustrate diagrams for explaining a 
transcoder operation; 

FIGS. 13 through 16 illustrate diagrams for explaining the 
configuration of object-based side information; 

FIGS. 17 through 22 illustrate diagrams for explaining the 
incorporation of a plurality of pieces of object-based side 
information into a single piece of side information; 

FIGS. 23 through 27 illustrate diagrams for explaining a 
preprocessing operation; and 

FIGS. 28 to 33 are diagrams illustrating a case of combin 
ing a plurality of bitstreams decoded with object-based sig 
nals into one bitstream. 

BEST MODE 

The present invention will hereinafter be described in 
detail with reference to the accompanying drawings in which 
exemplary embodiments of the invention are shown. 
An audio encoding method and apparatus and an audio 

decoding method and apparatus according to the present 
invention may be applied to object-based audio processing 
operations, but the present invention is not restricted to this. In 
other words, the audio encoding method and apparatus and 
the audio decoding method and apparatus may be applied to 
various signal processing operations other than object-based 
audio processing operations. 

FIG. 1 illustrates a block diagram of a typical object-based 
audio encoding/decoding system. In general, audio signals 
input to an object-based audio encoding apparatus do not 
correspond to channels of a multi-channel signal but are 
independent object signals. In this regard, an object-based 
audio encoding apparatus is differentiated from a multi-chan 
nel audio encoding apparatus to which channel signals of a 
multi-channel signal are input. 

For example, channel signals such as a front left channel 
signal and a front right channel signal of a 5.1-channel signal 
may be input to a multi-channel audio signal, whereas object 
signals such as a human Voice or the Sound of a musical 
instrument (e.g., the Sound of a violin or a piano) which are 
Smaller entities than channel signals may be input to an 
object-based audio encoding apparatus. 

Referring to FIG. 1, the object-based audio encoding/de 
coding system includes an object-based audio encoding appa 
ratus and an object-based audio decoding apparatus. The 
object-based audio encoding apparatus includes an object 
encoder 100, and the object-based audio decoding apparatus 
includes an object decoder 111 and a mixer/renderer 113. 
The object encoder 100 receives N object signals, and 

generates an object-based downmix signal with one or more 
channels and side information including a number of pieces 
of information extracted from the N object signals such as 
energy difference information, phase difference information, 
and correlation information. The side information and the 
object-based downmix signal are incorporated into a single 
bitstream, and the bitstream is transmitted to the object-based 
decoding apparatus. 
The side information may include a flag indicating whether 

to perform channel-based audio coding or object-based audio 
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4 
coding, and thus, it may be determined whether to perform 
channel-based audio coding or object-based audio coding 
based on the flag of the side information. The side information 
may also include energy information, grouping information, 
silent period information, downmix gain information and 
delay information regarding object signals. 
The side information and the object-based downmix signal 

may be incorporated into a single bitstream, and the single 
bitstream may be transmitted to the object-based audio 
decoding apparatus. 
The object decoder 111 receives the object-based downmix 

signal and the side information from the object-based audio 
encoding apparatus, and restores object signals having simi 
lar properties to those of the N object signals based on the 
object-based downmix signal and the side information. The 
object signals generated by the object decoder 111 have not 
yet been allocated to any position in a multi-channel space. 
Thus, the mixer/renderer 113 allocates each of the object 
signals generated by the object decoder 111 to a predeter 
mined position in a multi-channel space and determines the 
levels of the object signals so that the object signals so that the 
object signals can be reproduced from respective correspond 
ing positions designated by the mixer/renderer 113 with 
respective corresponding levels determined by the mixer/ 
renderer 113. Control information regarding each of the 
object signals generated by the object decoder 111 may vary 
over time, and thus, the spatial positions and the levels of the 
object signals generated by the object decoder 111 may vary 
according to the control information. 

FIG. 2 illustrates a block diagram of an audio decoding 
apparatus 120 according to a first embodiment of the present 
invention. Referring to FIG. 2, the audio decoding apparatus 
120 may be able to perform adaptive decoding by analyzing 
control information. 

Referring to FIG. 2, the audio decoding apparatus 120 
includes an object decoder 121, a mixer/renderer 123, and a 
parameter converter 125. The audio decoding apparatus 120 
may also include a demultiplexer (not shown) which extracts 
a downmix signal and side information from a bitstream input 
thereto, and this will apply to all audio decoding apparatuses 
according to other embodiments of the present invention. 
The object decoder 121 generates a number of object sig 

nals based on a downmix signal and modified side informa 
tion provided by the parameter converter 125. The mixer/ 
renderer 123 allocates each of the object signals generated by 
the object decoder 121 to a predetermined position in a multi 
channel space and determines the levels of the object signals 
generated by the object decoder 121 according to control 
information. The parameter converter 125 generates the 
modified side information by combining the side information 
and the control information. Then, the parameter converter 
125 transmits the modified side information to the object 
decoder 121. 
The object decoder 121 may be able to perform adaptive 

decoding by analyzing the control information in the modi 
fied side information. 

For example, if the control information indicates that a first 
object signal and a second object signal are allocated to the 
same position in a multi-channel space and have the same 
level, a typical audio decoding apparatus may decode the first 
and second object signals separately, and then arrange them in 
a multi-channel space through a mixing/rendering operation. 
On the other hand, the object decoder 121 of the audio 

decoding apparatus 120 learns from the control information 
in the modified side information that the first and second 
object signals are allocated to the same position in a multi 
channel space and have the same level as if they were a single 
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Sound Source. Accordingly, the object decoder 121 decodes 
the first and second object signals by treating them as a single 
Sound source without decoding them separately. As a result, 
the complexity of decoding decreases. In addition, due to a 
decrease in the number of sound sources that need to be 
processed, the complexity of mixing/rendering also 
decreases. 
The audio decoding apparatus 120 may be effectively used 

when the number of object signals is greater than the number 
of output channels because a plurality of object signals are 
highly likely to be allocated to the same spatial position. 

Alternatively, the audio decoding apparatus 120 may be 
used when the first object signal and the second object signal 
are allocated to the same position in a multi-channel space but 
have different levels. In this case, the audio decoding appa 
ratus 120 decode the first and second object signals by treat 
ing the first and second object signals as a single signal, 
instead of decoding the first and second object signals sepa 
rately and transmitting the decoded first and second object 
signals to the mixer/renderer 123. More specifically, the 
object decoder 121 may obtain information regarding the 
difference between the levels of the first and second object 
signals from the control information in the modified side 
information, and decode the first and second object signals 
based on the obtained information. As a result, even if the first 
and second object signals have different levels, the first and 
second object signals can be decoded as if they were a single 
Sound source. 

Still alternatively, the object decoder 121 may adjust the 
levels of the object signals generated by the object decoder 
121 according to the control information. Then, the object 
decoder 121 may decode the object signals whose levels are 
adjusted. Accordingly, the mixer/renderer 123 does not need 
to adjust the levels of the decoded object signals provided by 
the object decoder 121 but simply arranges the decoded 
object signals provided by the object decoder 121 in a multi 
channel space. In short, since the object decoder 121 adjusts 
the levels of the object signals generated by the object 
decoder 121 according to the control information, the mixer/ 
renderer 123 can readily arrange the object signals generated 
by the object decoder 121 in a multi-channel space without 
the need to additionally adjust the levels of the object signals 
generated by the object decoder 121. Therefore, it is possible 
to reduce the complexity of mixing/rendering. 

According to the embodiment of FIG. 2, the object decoder 
of the audio decoding apparatus 120 can adaptively perform 
a decoding operation through the analysis of the control infor 
mation, thereby reducing the complexity of decoding and the 
complexity of mixing/rendering. A combination of the above 
described methods performed by the audio decoding appara 
tus 120 may be used. 

FIG. 3 illustrates a block diagram of an audio decoding 
apparatus 130 according to a second embodiment of the 
present invention. Referring to FIG. 3, the audio decoding 
apparatus 130 includes an object decoder 131 and a mixer/ 
renderer 133. The audio decoding apparatus 130 is character 
ized by providing side information not only to the object 
decoder 131 but also to the mixer/renderer 133. 
The audio decoding apparatus 130 may effectively perform 

a decoding operation even when there is an object signal 
corresponding to a silent period. For example, second through 
fourth object signals may correspond to a music play period 
during which a musical instrument is played, and a first object 
signal may correspond to a mute period during which only 
background music is played, and a first object signal may 
correspond to a silent period during which an accompaniment 
is played. In this case, information indicating which of a 
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6 
plurality of object signals corresponds to a silent period may 
be included in side information, and the side information may 
be provided to the mixer/renderer 133 as well as to the object 
decoder 131. 
The object decoder 131 may minimize the complexity of 

decoding by not decoding an object signal corresponding to a 
silent period. The object decoder 131 sets an object signal 
corresponding to a value of 0 and transmits the level of the 
object signal to the mixer/renderer 133. In general, object 
signals having a value of 0 are treated the same as object 
signals having a value, other than 0, and are thus Subjected to 
a mixing/rendering operation. 
On the other hand, the audio decoding apparatus 130 trans 

mits side information including information indicating which 
of a plurality of object signals corresponds to a silent period to 
the mixer/renderer 133 and can thus prevent an object signal 
corresponding to a silent period from being Subjected to a 
mixing/rendering operation performed by the mixer/renderer 
133. Therefore, the audio decoding apparatus 130 can prevent 
an unnecessary increase in the complexity of mixing/render 
1ng. 

FIG. 4 illustrates a block diagram of an audio decoding 
apparatus 140 according to a third embodiment of the present 
invention. Referring to FIG.4, the audio decoding apparatus 
140 uses a multi-channel decoder 141, instead of an object 
decoder and a mixer/renderer, and decodes a number of object 
signals after the object signals are appropriately arranged in a 
multi-channel space. 
More specifically, the audio decoding apparatus 140 

includes the multi-channel decoder 141 and a parameter con 
verter 145. The multi-channel decoder 141 generates a multi 
channel signal whose object signals have already been 
arranged in a multi-channel space based on a down-mix Sig 
nal and spatial parameter information, which is channel 
based parameter information provided by the parameter con 
verter 145. The parameter converter 145 analyzes side 
information and control information transmitted by an audio 
encoding apparatus (not shown), and generates the spatial 
parameter information based on the result of the analysis. 
More specifically, the parameter converter 145 generates the 
spatial parameter information by combining the side infor 
mation and the control information which includes playback 
setup information and mixing information. That is, the 
parameter conversion 145 performs the conversion of the 
combination of the side information and the control informa 
tion to spatial data corresponding to a One-To-Two (OTT) 
box or a Two-To-Three (TTT) box. 
The audio decoding apparatus 140 may perform a multi 

channel decoding operation into which an object-based 
decoding operation and a mixing/rendering operation are 
incorporated and may thus skip the decoding of each object 
signal. Therefore, it is possible to reduce the complexity of 
decoding and/or mixing/rendering. 

For example, when there are 10 object signals and a multi 
channel signal obtained based on the 10 object signals is to be 
reproduced by a 5.1 channel speaker system, a typical object 
based audio decoding apparatus generates decoded signals 
respectively corresponding the 10 object signals based on a 
down-mix signal and side information and then generates a 
5.1 channel signal by appropriately arranging the 10 object 
signals in a multi-channel space so that the object signals can 
become suitable for a 5.1 channel speaker environment. How 
ever, it is inefficient to generate 10 object signals during the 
generation of a 5.1 channel signal, and this problem becomes 
more severe as the difference between the number of object 
signals and the number of channels of a multi-channel signal 
to be generated increases. 
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On the other hand, in the embodiment of FIG. 4, the audio 
decoding apparatus 140 generates spatial parameter informa 
tion Suitable for a 5.1-channel signal based on side informa 
tion and control information, and provides the spatial param 
eter information and a downmix signal to the multi-channel 
decoder 141. Then, the multi-channel decoder 141 generates 
a 5.1 channel signal based on the spatial parameter informa 
tion and the downmix signal. In other words, when the num 
ber of channels to be output is 5.1 channels, the audio decod 
ing apparatus 140 can readily generate a 5.1-channel signal 
based on a downmix signal without the need to generate 10 
object signals and is thus more efficient than a conventional 
audio decoding apparatus in terms of complexity. 
The audio decoding apparatus 140 is deemed efficient 

when the amount of computation required to calculates spa 
tial parameter information corresponding to each of an OTT 
box and a TTT box through the analysis of side information 
and control information transmitted by an audio encoding 
apparatus is less than the amount of computation required to 
perform a mixing/rendering operation after the decoding of 
each object signal. 
The audio decoding apparatus 140 may be obtained simply 

by adding a module for generating spatial parameter infor 
mation through the analysis of side information and control 
information to a typical multi-channel audio decoding appa 
ratus, and may thus maintain the compatibility with a typical 
multi-channel audio decoding apparatus. Also, the audio 
decoding apparatus 140 can improve the quality of Sound 
using existing tools of a typical multi-channel audio decoding 
apparatus such as an envelope shaper, a a Sub-band temporal 
processing (STP) tool, and a decorrelator. Given all this, it is 
concluded that all the advantages of a typical multi-channel 
audio decoding method can be readily applied to an object 
audio decoding method. 

Spatial parameter information transmitted to the multi 
channel decoder 141 by the parameter converter 145 may 
have been compressed so as to be suitable for being transmit 
ted. Alternatively, the spatial parameter information may 
have the same format as that of data transmitted by a typical 
multi-channel encoding apparatus. That is, the spatial param 
eter information may have been subjected to a Huffman 
decoding operation or a pilot decoding operation and may 
thus be transmitted to each module as uncompressed spatial 
cue data. The former is suitable for transmitting the spatial 
parameter information to a multi-channel audio decoding 
apparatus in a remote place, and the later is convenient 
because there is no need for a multi-channel audio decoding 
apparatus to convert compressed spatial cue data into uncom 
pressed spatial cue data that can readily be used in a decoding 
operation. 
The configuration of spatial parameter information based 

on the analysis of side information and control information 
may cause a delay. In order to compensate for Such delay, an 
additional buffer may be provided for a downmix signal so 
that a delay between the downmix signal and a bitstream can 
be compensated for. Alternatively, an additional buffer may 
be provided for spatial parameter information obtained from 
control information so that a delay between the spatial param 
eter information and a bitstream can be compensated for. 
These methods, however, are inconvenient because of the 
requirement to provide an additional buffer. Alternatively, 
side information may be transmitted ahead of a downmix 
signal in consideration of the possibility of occurrence of a 
delay between a downmix signal and spatial parameter infor 
mation. In this case, spatial parameter information obtained 
by combining the side information and control information 
does not need to be adjusted but can readily be used. 
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8 
If a plurality of object signals of a downmix signal have 

different levels, an arbitrary downmix gain (ADG) module 
which can directly compensate for the downmix signal may 
determine the relative levels of the object signals, and each of 
the object signals may be allocated to a predetermined posi 
tion in a multi-channel space using spatial cue data Such as 
channel level difference (CLD) information, inter-channel 
correlation (ICC) information, and channel prediction coef 
ficient (CPC) information. 

For example, if control information indicates that a prede 
termined object signal is to be allocated to a predetermined 
position in a multi-channel space and has a higher level than 
other object signals, a typical multi-channel decoder may 
calculate the difference between the energies of channels of a 
downmix signal, and divide the downmix signal into a num 
ber of output channels based on the results of the calculation. 
However, a typical multi-channel decoder cannot increase or 
reduce the Volume of a certain sound in a downmix signal. In 
other words, a typical multi-channel decoder simply distrib 
utes a downmix signal to a number of output channels and 
thus cannot increase or reduce the Volume of a sound in the 
downmix signal. 

It is relatively easy to allocate each of a number of object 
signals of a downmix signal generated by an object encoderto 
a predetermined position in a multi-channel space according 
to control information. However, special techniques are 
required to increase or reduce the amplitude of a predeter 
mined object signal. In other words, if a downmix signal 
generated by an object encoder is used as is, it is difficult to 
reduce the amplitude of each object signal of the downmix 
signal. 

Therefore, according to an embodiment of the present 
invention, the relative amplitudes of object signals may be 
varied according to control information by using an ADG 
module 147 illustrated in FIG. 5. The ADG module 147 may 
be installed in the multi-channel decoder 141 or may be 
separate from the multi-channel decoder 141. 

If the relative amplitudes of object signals of a downmix 
signal are appropriately adjusted using the ADG module 147. 
it is possible to perform object decoding using a typical multi 
channel decoder. If a downmix signal generated by an object 
encoder is a mono or stereo signal or a multi-channel signal 
with three or more channels, the downmix signal may be 
processed by the ADG module 147. If a downmix signal 
generated by an object encoder has two or more channels and 
a predetermined object signal that needs to be adjusted by the 
ADG module 147 only exists in one of the channels of the 
downmix signal, the ADG module 147 may be applied only to 
the channel including the predetermined object signal, 
instead of being applied to all the channels of the downmix 
signal. A downmix signal processed by the ADG module 147 
in the above-described manner may be readily processed 
using a typical multi-channel decoder without the need to 
modify the structure of the multi-channel decoder. 

Even when a final output signal is not a multi-channel 
signal that can be reproduced by a multi-channel speaker but 
is a binaural signal, the ADG module 147 may be used to 
adjust the relative amplitudes of object signals of the final 
output signal. 

Alternatively to the use of the ADG module 147, gain 
information specifying a gain value to be applied to each 
object signal may be included in control information during 
the generation of a number of object signals. For this, the 
structure of a typical multi-channel decoder may be modified. 
Even though requiring a modification to the structure of an 
existing multi-channel decoder, this method is convenient in 
terms of reducing the complexity of decoding by applying a 
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gain value to each object signal during a decoding operation 
without the need to calculate ADG and to compensate for 
each object signal. 
The ADG module 147 may be used not only for adjusting 

the levels of object signals but also for modifying spectrum 
information of a certain object signal. More specifically, the 
ADG module 147 may be used not only to increase or lower 
the level of a certain object signal and but also to modify 
spectrum information of the certain object signal Such as 
amplifying a high- or low-pitch portion of the certain object 
signal. It is impossible to modify spectrum information with 
out the use of the ADG module 147. 

FIG. 6 illustrates a block diagram of an audio decoding 
apparatus 150 according to a fourth embodiment of the 
present invention. Referring to FIG. 6, the audio decoding 
apparatus 150 includes a multi-channel binaural decoder 151, 
a first parameter converter 157, and a second parameter con 
verter 159. 

The second parameter converter 159 analyzes side infor 
mation and control information, which is provided by an 
audio encoding apparatus, and configures spatial parameter 
information based on the result of the analysis. The first 
parameter converter 157 configures virtual three-dimensional 
(3D) parameter information, which can be used by the multi 
channel binaural decoder 151, by adding three-dimensional 
(3D) information such as head-related transfer function 
(HRTF) parameters to the spatial parameter information. The 
multi-channel binaural decoder 151 generates a binaural sig 
nal by applying the binaural parameter information to a 
downmix signal. 
The first parameter converter 157 and the second parameter 

converter 159 may be replaced by a single module, i.e., a 
parameter conversion module 155 which receives the side 
information, the control information, and 3D information and 
configures the binaural parameter information based on the 
side information, the control information, and the HRTF 
parameters. 

Conventionally, in order to generate a binaural signal for 
the playback of a downmix signal including 10 object signals 
with a headphone, an object signal must generate 10 decoded 
signals respectively corresponding to the 10 object signals 
based on the downmix signal and side information. Thereaf 
ter, a mixer/renderer allocates each of the 10 object signals to 
a predetermined position in a multi-channel space with ref 
erence to control information so as to Suit a 5-channel speaker 
environment. Thereafter, the mixer/renderer generates a 
5-channel signal that can be reproduced by a 5-channel 
speaker. Thereafter, the mixer/renderer applies 3D informa 
tion to the 5-channel signal, thereby generating a 2-channel 
signal. In short, the above-mentioned conventional audio 
decoding method includes reproducing 10 object signals, 
converting the 10 object signals into a 5-channel signal, and 
generating a 2-channel signal based on the 5-channel signal, 
and is thus inefficient. 
On the other hand, the audio decoding apparatus 150 can 

readily generate a binaural signal that can be reproduced 
using a headphone based on object signals. In addition, the 
audio decoding apparatus 150 configures spatial parameter 
information through the analysis of side information and 
control information, and can thus generate a binaural signal 
using a typical multi-channel binaural decoder. Moreover, the 
audio decoding apparatus 150 still can use a typical multi 
channel binaural decoder even when being equipped with an 
incorporated parameter converter which receives side infor 
mation, control information, and HRTF parameters and con 
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10 
figures binaural parameter information based on the side 
information, the control information, and the HRTF param 
eters. 

FIG. 7 illustrates a block diagram of an audio decoding 
apparatus 160 according to a fifth embodiment of the present 
invention. Referring to FIG. 7, the audio decoding apparatus 
160 includes a preprocessor 161, a multi-channel decoder 
163, and a parameter converter 165. 
The parameter converter 165 generates spatial parameter 

information, which can be used by the multi-channel decoder 
163, and parameter information, which can be used by the 
preprocessor 161. The preprocessor 161 performs a pre-pro 
cessing operation on a downmix signal, and transmits a down 
mix signal resulting from the pre-processing operation to the 
multi-channel decoder 163. The multi-channel decoder 163 
performs a decoding operation on the downmix signal trans 
mitted by the preprocessor 161, thereby outputting a stereo 
signal, a binaural stereo signal or a multi-channel signal. 
Examples of the pre-processing operation performed by the 
preprocessor 161 include the modification or conversion of a 
downmix signal in a time domain or a frequency domain 
using filtering. 

If a downmix signal input to the audio decoding apparatus 
160 is a stereo signal, the downmix signal may have be 
Subjected to downmix preprocessing performed by the pre 
processor 161 before being input to the multi-channel 
decoder 163 because the multi-channel decoder 163 cannot 
map an object signal corresponding to a left channel of a 
Stereo downmix signal to a right channel of a multi-channel 
signal through decoding. Therefore, in order to shift an object 
signal belonging to a left channel of a stereo downmix signal 
to a right channel, the stereo downmix signal may need to be 
preprocessed by the preprocessor 161, and the preprocessed 
downmix signal may be input to the multi-channel decoder 
163. 
The preprocessing of a stereo downmix signal may be 

performed based on preprocessing information obtained from 
side information and from control information. 

FIG. 8 illustrates a block diagram of an audio decoding 
apparatus 170 according to a sixth embodiment of the present 
invention. Referring to FIG. 8, the audio decoding apparatus 
170 includes a multi-channel decoder 171, a postprocessor 
173, and a parameter converter 175. 
The parameter converter 175 generates spatial parameter 

information, which can be used by the multi-channel decoder 
163, and parameter information, which can be used by the 
postprocessor 173. The postprocessor 173 performs a post 
processing operation on a signal output by the multi-channel 
decoder 173. Examples of the signal output by the multi 
channel decoder 173 include a stereo signal, a binaural stereo 
signal and a multi-channel signal. 

Examples of the post-processing operation performed by 
the post processor 173 include the modification and conver 
sion of each channel or all channels of an output signal. For 
example, if side information includes fundamental frequency 
information regarding a predetermined object signal, the 
postprocessor 173 may remove harmonic components from 
the predetermined object signal with reference to the funda 
mental frequency information. A multi-channel audio decod 
ing method may not be efficient enough to be used in a 
karaoke system. However, if fundamental frequency informa 
tion regarding Vocal object signals is included in side infor 
mation and harmonic components of the Vocal object signals 
are removed during a post-processing operation, it is possible 
to realize a high-performance karaoke system by using the 
embodiment of FIG.8. The embodiment of FIG.8 may also 
be applied to object signals, other than Vocal object signals. 
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For example, it is possible to remove the sound of a predeter 
mined musical instrument by using the embodiment of FIG. 
8. Also, it is possible to amplify predetermined harmonic 
components using fundamental frequency information 
regarding object signals by using the embodiment of FIG. 8. 
In short, post-processing parameters may enable the applica 
tion of various effects such as the insertion of a reverberation 
effect, the addition of noise, and the amplification of a low 
pitch portion that cannot be performed by the multi-channel 
decoder 171. 
The postprocessor 173 may directly apply an additional 

effect to a downmix signal or add a downmix signal to which 
an effect has already been applied the output of the multi 
channel decoder 171. The postprocessor 173 may change the 
spectrum of an object or modify a downmix signal whenever 
necessary. If it is not appropriate to directly perform an effect 
processing operation Such as reverberation on a downmix 
signal and to transmit a signal obtained by the effect process 
ing operation to the multi-channel decoder 171, the prepro 
cessor 173 may simply add the signal obtained by the effect 
processing operation to the output of the multi-channel 
decoder 171, instead of directly performing effect processing 
on the downmix signal and transmitting the result of effect 
processing to the multi-channel decoder 171. 

FIG. 9 illustrates a block diagram of an audio decoding 
apparatus 180 according to a seventh embodiment of the 
present invention. Referring to FIG. 9, the audio decoding 
apparatus 180 includes a preprocessor 181, a multi-channel 
decoder 183, a postprocessor 185, and a parameter converter 
187. 
The description of the preprocessor 161 directly applies to 

the preprocessor 181. The postprocessor 185 may be used to 
add the output of the preprocessor 181 and the output of the 
multi-channel decoder 185 and thus to provide a final signal. 
In this case, the postprocessor 185 simply serves an adder for 
adding signals. An effect parameter may be provided to 
whichever of the preprocessor 181 and the postprocessor 185 
performs the application of an effect. In addition, the addition 
ofa signal obtained by applying an effect to a downmix signal 
to the output of the multi-channel decoder 183 and the appli 
cation of an effect to the output of the multi-channel decoder 
185 may be performed at the same time. 
The preprocessors 161 and 181 of FIGS. 7 and 9 may 

perform rendering on a downmix signal according to control 
information provided by a user. In addition, the preprocessors 
161 and 181 of FIGS. 7 and 9 may increase or reduce the 
levels of object signals and alter the spectra of object signals. 
In this case, the preprocessors 161 and 181 of FIGS. 7 and 9 
may perform the functions of an ADG module. 
The rendering of an object signal according to direction 

information of the object signal, the adjustment of the level of 
the object signal and the alteration of the spectrum of the 
object signal may be performed at the same time. In addition, 
Some of the rendering of an object signal according to direc 
tion information of the object signal, the adjustment of the 
level of the object signal and the alteration of the spectrum of 
the object signal may be performed by using the preprocessor 
161 or 181, and whichever of the rendering of an object signal 
according to direction information of the object signal, the 
adjustment of the level of the object signal and the alteration 
of the spectrum of the object signal is not performed by the 
preprocessor 161 or 181 may be performed by using an ADG 
module. For example, it is not efficient to alter the spectrum of 
an object signal by using an ADG module, which uses a 
quantization level interval and a parameter band interval. In 
this case, the preprocessor 161 or 181 may be used to 
minutely alter the spectrum of an object signal on a fre 
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quency-by-frequency basis, and an ADG module may be used 
to adjust the level of the object signal. 

FIG. 10 illustrates a block diagram of an audio decoding 
apparatus according to an eight embodiment of the present 
invention. Referring to FIG.10, the audio decoding apparatus 
200 includes a rendering matrix generator 201, a transcoder 
203, a multi-channel decoder 205, a preprocessor 207, an 
effect processor 208, and an adder 209. 
The rendering matrix generator 201 generates a rendering 

matrix, which represents object position information regard 
ing the positions of object signals and playback configuration 
information regarding the levels of the object signals, and 
provides the rendering matrix to the transcoder 203. The 
rendering matrix generator 201 generates 3D information 
such as an HRTF coefficient based on the object position 
information. An HRTF is a transfer function which describes 
the transmission of sound waves between a Sound source at an 
arbitrary position and the eardrum, and returns a value that 
varies according to the direction and altitude of the Sound 
Source. If a signal with no directivity is filtered using the 
HRTF, the signal may be heard as if it were reproduced from 
a certain direction. 
The object position information and the playback configu 

ration information, which is received by the rendering matrix 
generator 201, may vary over time and may be provided by an 
end user. 
The transcoder 203 generates channel-based side informa 

tion based on object-based side information, the rendering 
matrix and 3D information, and provides the multi-channel 
decoder 209 with the channel-based side information and 3D 
information necessary for the multi-channel decoder 209. 
That is, the transcoder 203 transmits channel-based side 
information regarding M channels, which is obtained from 
object-based parameter information regarding N object sig 
nals, and 3D information of each of the Nobject signals to the 
multi-channel decoder 205. 
The multi-channel decoder 205 generates a multi-channel 

audio signal based on a downmix signal and the channel 
based side information provided by the transcoder 203, and 
performs 3D rendering on the multi-channel audio signal 
according to 3D information, thereby generating a 3D multi 
channel signal. The rendering matrix generator 201 may 
include a 3D information database (not shown). 

If there is the need to preprocess a downmix signal before 
the input of the downmix signal to the multi-channel decoder 
205, the transcoder 203 transmits information regarding pre 
processing to the preprocessor 207. The object-based side 
information includes information regarding all object signals, 
and the rendering matrix includes the object position infor 
mation and the playback configuration information. The 
transcoder 203 may generate channel-based side information 
based on the object-based side information and the rendering 
matrix, and then generates the channel-based side informa 
tion necessary for mixing and reproducing the object signals 
according to the channel information. Thereafter, the 
transcoder 203 transmits the channel-based side information 
to the multi-channel decoder 205. 
The channel-based side information and the 3D informa 

tion provided by the transcoder 205 may include frame 
indexes. Thus, the multi-channel decoder 205 may synchro 
nize the channel-based side information and the 3D informa 
tion by using the frame indexes, and may thus be able to apply 
the 3D information only to certain frames of a bitstream. In 
addition, even if the 3D information is updated, it is possible 
to easily synchronize the channel-based side information and 
the updated 3D information by using the frame indexes. That 
is, the frame indexes may be included in the channel-based 
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side information and the 3D information, respectively, in 
order for the multi-channel decoder 205 to synchronize the 
channel-based side information and the 3D information. 
The preprocessor 207 may perform preprocessing on an 

input downmix signal, if necessary, before the input downmix 
signal is input to the multi-channel decoder 205. As described 
above, if the input downmix signal is a stereo signal and there 
is the need to play back an object signal belonging to a left 
channel from a right channel, the downmix signal may have 
be subjected to preprocessing performed by the preprocessor 
207 before being input to the multi-channel decoder 205 
because the multi-channel decoder 205 cannot shift an object 
signal from one channel to another. Information necessary for 
preprocessing the input downmix signal may be provided to 
the preprocessor 207 by the transcoder 205. A downmix sig 
nal obtained by preprocessing performed by the preprocessor 
207 may be transmitted to the multi-channel decoder 205. 
The effect processor 208 and the adder 209 may directly 

apply an additional effect to a downmix signal or add a 
downmix signal to which an effect has already been applied to 
the output of the multi-channel decoder 205. The effect pro 
cessor 208 may change the spectrum of an object or modify a 
downmix signal whenever necessary. If it is not appropriate to 
directly perform an effect processing operation Such as rever 
beration on a downmix signal and to transmit a signal 
obtained by the effect processing operation to the multi 
channel decoder 205, the effect processor 208 may simply 
add the signal obtained by the effect processing operation to 
the output of the multi-channel decoder 205, instead of 
directly performing effect processing on the downmix signal 
and transmitting the result of effect processing to the multi 
channel decoder 205. 
A rendering matrix generated by the rendering matrix gen 

erator 201 will hereinafter be described in detail. 
A rendering matrix is a matrix that represents the positions 

and the playback configuration of object signals. That is, if 
there are N object signals and M channels, a rendering matrix 
may indicate how the N object signals are mapped to the M 
channels in various manners. 
More specifically, when N object signals are mapped to M 

channels, an N*M rendering matrix may be established. In 
this case, the rendering matrix includes Nrows, which respec 
tively represent the N object signals, and M columns, which 
respectively represent M channels. Each of M coefficients in 
each of the N rows may be a real number or an integer 
indicating the ratio of part of an object signal allocated to a 
corresponding channel to the whole object signal. 
More specifically, the M coefficients in each of the N rows 

of the N*M rendering matrix may be real numbers. Then, if 
the sum of M coefficients in a row of the N*M rendering 
matrix is equal to a predefined reference value, for example, 
1, it may be determined that the level of an object signal has 
not been varied. If the sum of the M coefficients is less than 1, 
it is determined that the level of the object signal has been 
reduced. If the sum of the M coefficients is greater than 1, it is 
determined that the level of the object signal has been 
increased. The predefined reference value may be a numerical 
value, other than 1. The amount by which the level of the 
object signal is varied may be restricted to the range of 12dB. 
For example, if the predefined reference value is 1 and the 
sum of the M coefficients is 1.5, it may be determined that the 
level of the object signal has been increased by 12 dB. If the 
predefined reference value is 1 and the sum of the M coeffi 
cients is 0.5, it is determined that that the level of the object 
signal has been reduced by 12 dB. If the predefined reference 
value is 1 and the sum of the M coefficients is 0.5 to 1.5, it is 
determined that the object signal has been varied by a prede 
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termined amount between -12 dB and +12 dB, and the pre 
determined amount may be linearly determined according to 
the sum of the M coefficients. 
The M coefficients in each of the N rows of the NM 

rendering matrix may be integers. Then, if the Sum of M 
coefficients in a row of the N*M rendering matrix is equal to 
a predefined reference value, for example, 10, 20, 30 or 100, 
it may be determined that the level of an object signal has not 
been varied. If the sum of the M coefficients is less than the 
predefined reference value, it may be determined that the 
level of the object signal has not been reduced. If the sum of 
the M coefficients is greater than the predefined reference 
value, it may be determined that the level of the object signal 
has not been increased. The amount by which the level of the 
object signal is varied may be restricted to the range of for 
example, 12 dB. The amount by which the sum of the M 
coefficients is discrepant from the predefined reference value 
may represent the amount (unit: dB) by which the level of the 
object signal has been varied. For example, if the sum of the 
M coefficients is one greater than the predefined reference 
value, it may be determined that the level of the object signal 
has been increased by 2 dB. Therefore, if the predefined 
reference value is 20 and the sum of the M coefficients is 23, 
it may be determined that the level of the object signal has 
been increased by 6 dB. If the predefined reference value is 20 
and the sum of the M coefficients is 15, it may be determined 
that the level of the object signal has been reduced by 10 dB. 

For example, if there are six object signals and five chan 
nels (i.e., front left (FL), front right (FR), center (C), rear left 
(RL) and rear right (RR) channels), a 6*5 rendering matrix 
having six rows respectively corresponding to the six object 
signals and five columns respectively corresponding to the 
five channels may be established. The coefficients of the 6*5 
rendering matrix may be integers indicating the ratio at which 
each of the six object signals is distributed among the five 
channels. The 6*5 rendering matrix may have a reference 
value of 10. Thus, if the sum of five coefficients in any one of 
the six rows of the 6*5 rendering matrix is equal to 10, it may 
be determined that the level of a corresponding object signal 
has not been varied. The amount by which the sum of the five 
coefficients in any one of the six rows of the 6*5 rendering 
matrix is discrepant from the reference value represents the 
amount by which the level of a corresponding object signal 
has been varied. For example, if the sum of the five coeffi 
cients in any one of the six rows of the 6*5 rendering matrix 
is discrepant from the reference value by 1, it may be deter 
mined that the level of a corresponding object signal has been 
varied by 2 dB. The 6*5 rendering matrix may be represented 
by Equation (1): 

3 1 2 2 2 Equation 1 

2 4 3 1. 2 

0 0 12 O O 

7 O O O O 

2 2 2 2 2 

2 1 1 2 1 

Referring to the 6*5 rendering matrix of Equation (1), the 
first row corresponds to the first object signal and represents 
the ratio at which the first object signal is distributed among 
FL, FR, C, RL and RR channels. Since the first coefficient of 
the first row has a greatest integer value of 3 and the sum of the 
coefficients of the first row is 10, it is determined that the first 
object signal is mainly distributed to the FL channel, and that 
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the level of the first object signal has not been varied. Since 
the second coefficient of the second row, which corresponds 
to the second object signal, has a greatest integer value of 4 
and the sum of the coefficients of the second row is 12, it is 
determined that the second object signal is mainly distributed 
to the FR channel, and that the level of the second object 
signal has been increased by 4 dB. Since the third coefficient 
of the third row, which corresponds to the third object signal, 
has a greatest integer value of 12 and the Sum of the coeffi 
cients of the third row is 12, it is determined that the third 
object signal is distributed only to the C channel, and that the 
level of the third object signal has been increased by 4 dB. 
Since all the coefficients of the fifth row, which corresponds 
to the fifth object signal, has the same integer value of 2 and 
the sum of the coefficients of the fifth row is 10, it is deter 
mined that the fifth object signal is evenly distributed among 
the FL, FR, C, RL and RR channels, and that the level of the 
fifth object signal has not been varied. 

Alternatively, when N object signals are mapped to M 
channels, an N*(M+1) rendering matrix may be established. 
An N*(M+1) rendering matrix is very similar to an NM 
rendering matrix. More specifically, in an (N*(M+1) render 
ing matrix, like in an N*M rendering matrix, first through 
M-th coefficients in each of N rows represent the ratio at 
which a corresponding object signal distributed among FL. 
FR, C, RL and RR channels. However, an (N*(M+1) render 
ing matrix, unlike an NM rendering matrix, has an additional 
column (i.e., an (M-1)-th column) for representing the levels 
of object signals. 
An N*(M+1) rendering matrix, unlike an N*M rendering 

matrix, indicates how an object signal is distributed among M 
channels and whether the level of the object signal has been 
varied separately. Thus, by using an N*(M+1) rendering 
matrix, it is possible to easily obtain information regarding a 
variation, if any, in the level of an object signal without a 
requirement of additional computation. Since an N*(M+1) 
rendering matrix is almost the same as an NM rendering 
matrix, an N*(M+1) rendering matrix can be easily converted 
into an N*M rendering matrix or vice versa without a require 
ment of additional information. 

Still alternatively, when N object signals are mapped to M 
channels, an N2 rendering matrix may be established. The 
N2 rendering matrix has a first column indicating the angu 
lar positions of object signals and a second column indicating 
a variation, if any, in the level of each of the object signals. 
The N2 rendering matrix may represent the angular posi 
tions of object signals at regular intervals of 1 or 3 degrees 
within the range of 0-360 degrees. An object signal that is 
evenly distributed among all directions may be represented 
by a predefined value, rather than by an angle. 
An N*2 rendering matrix may be converted into an N*3 

rendering matrix which can indicate not only the 2D direc 
tions of object signals but also the 3D directions of the object 
signals. More specifically, a second column of an N*3 ren 
dering matrix may be used to indicate the 3D directions of 
object signals. A third column of an N*3 rendering matrix 
indicates a variation, if any, in the level of each object signal 
using the same method used by an N*M rendering matrix. If 
a final playback mode of an object decoder is binaural stereo, 
the rendering matrix generator 201 may transmit 3D infor 
mation indicating the position of each object signal or an 
index corresponding to the 3D information. In the latter case, 
the transcoder 203 may need to have 3D information corre 
sponding to an index transmitted by the rendering matrix 
generator 201. In addition, if 3D information indicating the 
position of each object signal is received from the rendering 
matrix generator 201, the transcoder 203 may be able to 
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calculate 3D information that can be used by the multi-chan 
nel decoder 205 based on the received 3D information, a 
rendering matrix, and object-based side information. 
A rendering matrix and 3D information may adaptively 

vary in real time according to a modification made to object 
position information and playback configuration information 
by an end user. Therefore, information regarding whether the 
rendering matrix and the 3D information is updated and 
updates, if any, in the rendering matrix and the 3D informa 
tion may be transmitted to the transcoder 203 at regular inter 
vals of time, for example, at intervals of 0.5 sec. Then, if 
updates in the rendering matrix and the 3D information are 
detected, the transcoder 203 may perform linear conversion 
on the received updates and an existing rendering matrix and 
existing 3D information, assuming that the rendering matrix 
and the 3D information linearly vary over time. 

If object position information and playback configuration 
information has not been modified by an end user since the 
transmission of a rendering matrix and 3D information to the 
transcoder 203, information indicating that the rendering 
matrix and the 3D information has not been varied may be 
transmitted to the transcoder 203. On the other hand, if the 
object position information and the playback configuration 
information has been modified by an end user since the trans 
mission of the rendering matrix and the 3D information to the 
transcoder 203, information indicating that the rendering 
matrix and the 3D information has been varied and updates in 
the rendering matrix and the 3D information may be trans 
mitted to the transcoder 203. More specifically, updates in the 
rendering matrix and updates in the 3D information may be 
separately transmitted to the transcoder 203. Alternatively, 
updates in the rendering matrix and/or updates in the 3D 
information may be collectively represented by a predefined 
representative value. Then, the predefined representative 
value may be transmitted to the transcoder 203 along with 
information indicating that the predefined representative 
value corresponds to updates in the rendering matrix or 
updates in the 3D information. In this manner, it is possible to 
easily notify the transcoder 203 whether or not a rendering 
matrix and 3D information have been updated. 
An NM rendering matrix, like the one indicated by Equa 

tion (1), may also include an additional column for represent 
ing 3D direction information of object signals. In this case, 
the additional column may represent 3D direction informa 
tion of object signals as angles in the range of -90 to +90 
degrees. The additional column may be provided not only to 
an N+M matrix but also to an N*(M+1) rendering matrix and 
an N*2 matrix. 3D direction information of object signals 
may not be necessary for use in a normal decoding mode of a 
multi-channel decoder. Instead, 3D direction information of 
object signals may be necessary for use in a binaural mode of 
a multi-channel decoder. 3D direction information of object 
signals may be transmitted along with a rendering matrix. 
Alternatively, 3D direction information of object signals may 
be transmitted along with 3D information. 3D direction infor 
mation of object signals dose not affect channel-based side 
information but affects 3D information during a binaural 
mode decoding operation. 

Information regarding the spatial positions and the levels 
of object signals may be provided as a rendering matrix. 
Alternatively, information regarding the spatial positions and 
the levels of object signals may be represented as modifica 
tions to the spectra of the object signal Such as intensifying 
low-pitch parts or high-pitch parts of the object signals. In this 
case, information regarding the modifications to the spectra 
of the object signals may be transmitted as level variations in 
each parameter band, which is used in a multi-channel codec. 
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If an end user controls modifications to the spectra of object 
signals, information regarding the modifications to the spec 
tra of the object signals may be transmitted as a spectrum 
matrix separately from a rendering matrix. The spectrum 
matrix may have as many rows as there are object signals and 
have as many columns as there are parameters. Each coeffi 
cient of the spectrum matrix indicates information regarding 
the adjustment of the level of each parameter band. 

Thereafter, the operation of the transcoder 203 will here 
inafter be described in detail. The transcoder 203 generates 
channel-based side information for the multi-channel 
decoder 205 based on object-based side information, render 
ing matrix information and 3D information and transmits the 
channel-based side information to the multi-channel decoder 
205. In addition, the transcoder 203 generates 3D information 
for the multi-channel decoder 205 and transmits the 3D infor 
mation to the multi-channel decoder 205. If an input down 
mix signal needs to be preprocessed before being input to the 
multi-channel decoder 205, the transcoder 203 may transmit 
information regarding the input downmix signal. 
The transcoder 203 may receive object-based side infor 

mation indicating how a plurality of object signals are 
included in an input downmix signal. The object-based side 
information may indicate how a plurality of object signals are 
included in an input downmix signal by using an OTT box and 
a TTT box and using CLD, ICC and CPC information. The 
object-based side information may provide descriptions of 
various methods that can be performed by an object encoder 
for indicating information regarding each of a plurality of 
object signals, and may thus be able to indicate how the object 
signals are included in side information. 

In the case of a TTT box of a multi-channel codec, L, C and 
R signals may be downmixed or upmixed into L and R sig 
nals. In this case, the C signal may share a little bit of both the 
L and R signals. However, this rarely happens in the case of 
downmixing or upmixing object signals. Therefore, an OTT 
box is widely used to perform upmixing or downmixing for 
object coding. Even if a C signal includes an independent 
signal component, rather than parts of L and R signals, a TTT 
box may be used to perform upmixing or downmixing for 
object coding. 

For example, if there are six object signals, the six object 
signals may be converted into a downmix signal by an OTT 
box, and information regarding each of the object signals may 
be obtained by using an OTT box, as illustrated in FIG. 11. 

Referring to FIG. 11, six object signals may be represented 
by one downmix signal and information (Such as CLD and 
ICC information) provided by a total of five OTT boxes 211, 
213, 215, 217 and 219. The structure illustrated in FIG. 11 
may be altered in various manners. That is, referring to FIG. 
11, the first OTT box 211 may receive two of the six object 
signals. In addition, the way in which the OTT boxes 211, 
213, 215, 217 and 219 are hierarchically connected may be 
freely varied. Therefore, side information may include hier 
archical structure information indicating how the OTT boxes 
211, 213, 215, 217 and 219 are hierarchically connected and 
input position information indicating to which OTT box each 
object signal is input. If the OTT boxes 211,213,215, 217 and 
219 form an arbitrary tree structure, a method used in a 
multi-channel codec for representing an arbitrary tree struc 
ture may be used to indicate such hierarchical structure infor 
mation. In addition, such input position information may be 
indicated in various manners. 

Side information may also include information regarding a 
mute period of each object signal during. In this case, the tree 
structure of the OTT boxes 211, 213, 215, 217 and 219 may 
adaptively vary over time. For example, referring to FIG. 11, 
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when the first object signal OBJECT1 is mute, information 
regarding the first OTT box 211 is unnecessary, and only the 
second object signal OBJECT2 may be input to the fourth 
OTT box. 217. Then, the tree structure of the OTT boxes 211, 
213, 215, 217 and 219 may vary accordingly. Thus, informa 
tion regarding a variation, if any, in the tree structure of the 
OTT boxes 211, 213, 215, 217 and 219 may be included in 
side information. 

If a predetermined object signal is mute, information indi 
cating that an OTT box corresponding to the predetermined 
object signal is not in use and information indicating that no 
cues from the OTT box are available may be provided. In this 
manner, it is possible to reduce the size of side information by 
not including information regarding OTT boxes or TTT boxes 
that are not in use in side information. Even if a tree structure 
of a plurality of OTT or TTT boxes is modified, it is possible 
to easily determine which of the OTT or TTT boxes are turned 
on or off based on information indicating what object signals 
are mute. Therefore, there is no need to frequently transmit 
information regarding modifications, if any, to the tree struc 
ture of the OTT or TTT boxes. Instead, information indicating 
what object signal is mute may be transmitted. Then, a 
decoder may easily determine what part of the tree structure 
of the OTT or TTT boxes needs to be modified. Therefore, it 
is possible to minimize the size of information that needs to be 
transmitted to a decoder. In addition, it is possible to easily 
transmit cues regarding object signals to a decoder. 

FIG. 12 illustrates a diagram for explaining how a plurality 
of object signals are included in a downmix signal. In the 
embodiment of FIG. 11, an OTT box structure of multi 
channel coding is adopted as it is. However, in the embodi 
ment of FIG. 12, a variation of the OTT box structure of 
multi-channel coding is used. That is, referring to FIG. 12, a 
plurality of object signals are input to each box, and only one 
downmix signal is generated in the end. Referring to FIG. 12, 
information regarding each of a plurality of object signals 
may be represented by the ratio of the energy level of each of 
the object signals to the total energy level of the object signals. 
However, as the number of object signals increases, the ratio 
of the energy level of each of the object signals to the total 
energy level of the object signals decreases. In order to 
address this, one of a plurality of object signal (hereinafter 
referred to as a highest-energy object signal) having a highest 
energy level in a predetermined parameter band is searched 
for, and the ratios of the energy levels of the other object 
signals (hereinafter referred to as non-highest-energy object 
signals) to the energy level of the highest-energy object signal 
may be provided as information regarding each of the object 
signals. In this case, once information indicating a highest 
energy object signal and the absolute value of the energy level 
of the highest-energy object signal is given, the energy levels 
of other non-highest-energy object signals may be easily 
determined. 
The energy level of a highest-energy object signal is nec 

essary for incorporating a plurality of bitstreams into a single 
bitstream as performed in a multipoint control unit (MCU). 
However, in most cases, the energy level of a highest-energy 
object signal is not necessary because the absolute value of 
the energy level of a highest-energy object signal can be 
easily obtained from the ratios of the energy levels of other 
non-highest-energy object signals to the energy level of the 
highest-energy object signal. 

For example, assume that there are four object signals A, B, 
C and D belonging to a predetermined parameter band, and 
that the object signal A is a highest-energy object signal. 
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Then, the energy E of the predetermined parameterband and 
the absolute value E of the energy level of the object signal 
A satisfy Equation (2): 

Ep = EA + (a + b + C) EA Equation 2 
Ep 

EA = -. A 1 . . . . . . 

Where a, b, and c respectively indicate the ratios of the 
energy level of the object signals B, C and D to the energy 
level of the object signal. Referring to Equation (2), it is 
possible to calculate the absolute value E of the energy level 
of the object signal A based on the ratios a, b, and c and the 
energy E of the predetermined parameter band. Therefore, 
unless there is the need to incorporate a plurality of bitstreams 
into a single bitstream with the use of an MCU, the absolute 
value E of the energy level of the object signal A may not 
need to be included in a bitstream. Information indicating 
whether the absolute value E of the energy level of the object 
signal A is included in a bitstream may be included in a header 
of the bitstream, thereby reducing the size of the bitstream. 
On the other hand, if there is the need to incorporate a 

plurality of bitstreams into a signal bitstream with the use of 
an MCU, the energy level of a highest-energy object signal is 
necessary. In this case, the Sum of energy levels calculated 
based on the ratios of the energy levels of non-highest-energy 
object signals to the energy level of a highest-energy object 
signal may not be the same as the energy level of a downmix 
signal obtained by downmixing all the object signals. For 
example, when the energy level of the downmix signal is 100, 
the sum of the calculated energy levels may be 98 or 103 due 
to, for example, errors caused during quantization and 
dequantization operations. In order to address this, the differ 
ence between the energy level of the downmix signal and the 
Sum of the calculated energy levels may be appropriately 
compensated for by multiplying each of the calculated energy 
levels by a predetermined coefficient. If the energy level of the 
downmix signal is X and the sum of the calculated energy 
levels is Y, each of the calculated energy levels may be mul 
tiplied by X/Y. If the difference between the energy level of 
the downmix signal and the sum of the calculated energy 
levels is not compensated for, Such quantization errors may be 
included in parameter bands and frames, thereby causing 
signal distortions. 

Therefore, information indicating which of a plurality of 
object signals has a greatest absolute value of energy in a 
predetermined parameter band is necessary. Such informa 
tion may be represented by a number of bits. The number of 
bits necessary for indicating which of a plurality of object 
signals has a greatest absolute value of energy in a predeter 
mined parameter band vary according to the number of object 
signals. As the number of object signals increases, the number 
of bits necessary for indicating which of a plurality of object 
signals has a greatest absolute value of energy in a predeter 
mined parameter band increases. On the other hand, as the 
number of object signals decreases, the number of bits nec 
essary for indicating which of a plurality of object signals has 
a greatestabsolute value of energy in a predetermined param 
eter band decreases. A predetermined number of bits may be 
allocated in advance for indicating which of a plurality of 
object signals has a greatest absolute value of energy in a 
predetermined parameter band increases. Alternatively, the 
number of bits for indicating which of a plurality of object 
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signals has a greatest absolute value of energy in a predeter 
mined parameter band may be determined based on certain 
information. 
The size of information indicating which of a plurality of 

object signals has a greatest absolute value of energy in each 
parameter band can be reduced by using the same method 
used to reduce the size of CLD, ICC, and CPC information for 
use in OTT and/or TTT boxes of a multi-channel codec, for 
example, by using a time differential method, a frequency 
differential method, or a pilot coding method. 

In order to indicate which of a plurality of object signals 
has a greatest absolute value of energy in each parameter 
band, an optimized Huffman table may be used. In this case, 
information indicating in what order the energy levels of the 
object signals are compared with the energy level of which 
ever of the object signals has the greatestabsolute energy may 
be required. For example, if there are five object signals (i.e., 
first through fifth object signals) and the third object signal is 
a highest-energy object signal, information regarding the 
third object signal may be provided. Then, the ratios of the 
energy levels of the first, second, fourth and fifth object sig 
nals to the energy level of the third object signal may be 
provided in various manners, and this will hereinafter be 
described in further detail. 
The ratios of the energy levels of the first, second, fourth 

and fifth object signals to the energy level of the third object 
signal may be sequentially provided. Alternatively, the ratios 
of the energy levels of the fourth, fifth, first and second object 
signals to the energy level of the third object signal may be 
sequentially provided in a circular manner. Then, information 
indicating the order in which the ratios of the energy levels of 
the first, second, fourth and fifth object signals to the energy 
level of the third object signal are provided may be included 
in a file header or may be transmitted at intervals of a number 
of frames. A multi-channel codec may determine CLD and 
ICC information based on the serial numbers of OTT boxes. 
Likewise, information indicating how each object signal is 
mapped to a bitstream is necessary. 

In the case of a multi-channel codec, information regarding 
signals corresponding to each channel may be identified by 
the serial numbers of OTT or TTT boxes. According to an 
object-based audio encoding method, if there are N object 
signals, the N object signals may need to be appropriately 
numbered. However, it is necessary Sometimes for an end 
user to control the Nobject signals using an object decoder. In 
this case, the end user may have need of not only the serial 
numbers of the Nobject signals but also descriptions of the N 
object signals such as descriptions indicating that the first 
object signal corresponds to the Voice of a woman and that the 
second object signal corresponds to the Sound of a piano. The 
descriptions of the N object signals may be included in a 
header of a bitstream as metadata and then transmitted along 
with the bitstream. More specifically, the descriptions of the 
Nobject signals may be provided as text or may be provided 
by using a code table or codewords. 

Correlation information regarding the correlations 
between object signals is necessary sometimes. For this, the 
correlations between a highest-energy object signal and other 
non-highest-energy object signals may be calculated. In this 
case, a single correlation value may be designated for all the 
object signals, which is comparable to the use of a single ICC 
value in all OTT boxes. 

If object signals are stereo signals, the left channel energy 
to-right channel energy ratios of the object signals and ICC 
information is necessary. The left channel energy-to-right 
channel energy ratios of the object signals may be calculated 
using the same method used to calculate the energy levels of 
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a plurality of object signals based on the absolute value of the 
energy level of whichever of the object signals is a highest 
energy object signal and the ratios of the energy levels of the 
other non-highest-energy object signals to the energy level of 
the highest-energy object signal. For example, if the absolute 5 
values of the energy levels of left and right channels of a 
highest-energy object signal are A and B, respectively, and the 
ratio of the energy level of the left channel of a non-highest 
energy object signal to A and the ratio of the energy level of 
the right channel of the non-highest-energy object signal to B 
are Xandy, respectively, the energy levels of the left and right 
channels of the non-highest-energy object signal may be cal 
culated as A*x and By. In this manner, the left channel 
energy-to-right channel energy ratio of a stereo object signal 
can be calculated. 
The absolute value of the energy level of a highest-energy 

object signal and the ratios of the energy levels of other 
non-highest-energy object signals to the energy level of the 
highest-energy object signal may also be used when the 
object signals are mono signals, a downmix signal obtained 
by the mono object signals is a stereo signal, and the mono 
object signals are included in both channels of the stereo 
downmix signal. In this case, the ratio of the energy of part of 
each mono object signal included in the left channel of a 
Stereo downmix signal and the energy of part of a correspond 
ing mono object signal included in the right channel of the 
Stereo downmix signal and correlation information is neces 
sary, and this directly applies to Stereo object signals. If a 
mono object signal is included in both L and R channels of a 
Stereo downmix signal, L- and R-channel components of the 
mono object signal may only have a level difference, and the 
mono object signal may have a correlation value of 1 through 
out whole parameter bands. In this case, in order to reduce the 
amount of data, information indicating that the mono object 
signal has a correlation value of 1 throughout the whole 
parameter bands may be additionally provided. Then, there is 
no need to indicate the correlation value of 1 for each of the 
parameter bands. Instead, the correlation value of 1 may be 
indicated for the whole parameter bands. 

During the generation of a downmix signal through the 
Summation of a plurality of object signals, clipping may 
occur. In order to address this, a downmix signal may be 
multiplied by a predefined gain so that the maximum level of 
the downmix signal can exceed a clipping threshold. The 45 
predefined gain may vary over time. Therefore, information 
regarding the predefined gain is necessary. If the downmix 
signal is a stereo signal, different gain values may be provided 
for L- and R-channels of the downmix signal in order to 
prevent clipping. In order to reduce the amount of data trans- 50 
mission, the different gain values may not be transmitted 
separately. Instead, the Sum of the different gain values and 
the ratio of the different gain values may be transmitted. Then, 
it is possible to reduce a dynamic range and reduce the 
amount of data transmission, compared to the case of trans- 55 
mitting the different gain values separately. 

In order to further reduce the amount of data transmission, 
a bit indicating whether clipping has occurred during the 
generation of a downmix signal through the Summation of a 
plurality of object signals may be provided. Then, only if it is 60 
determined that clipping has occurred, gain values may be 
transmitted. Such clipping information may be necessary for 
preventing clipping during the Summation of a plurality of 
downmix signals in order to incorporate a plurality of bit 
streams. In order to prevent clipping, the Sum of a plurality of 65 
downmix signals may be multiplied by the inverse number of 
a predefined gain value for preventing clipping. 
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FIGS. 13 through 16 illustrate diagrams for explaining 

various methods of configuring object-based side informa 
tion. The embodiments of FIGS. 13 through 16 can be applied 
not only mono or stereo object signals but also to multi 
channel object signals. 

Referring to FIG. 13, a multi-channel object signal (OB 
JECT A(CH1) through OBJECT A(CHn)) is input to an 
object encoder 221. Then, the object encoder 221 generates a 
downmix signal and side information based on the multi 
channel object signal (OBJECT A(CH1) through OBJECT 
A(CHn)). An object encoder 223 receives a plurality of object 
signals OBJECT1 through OBJECTn and the downmix sig 
nal generated by the object encoder 221 and generates 
another downmix signal and another side information based 
on the object signals OBJ.1 through OBJ.N and the received 
downmix signal. A multiplexer 225 incorporates the side 
information generated by the object encoder 221 and the side 
information generated by the object encoder 223. 

Referring to FIG. 14, an object encoder 233 generates a 
first bitstream based on a multi-channel object signal (OB 
JECT A(CH1) through OBJECT A(CHn)). Then, an object 
encoder 231 generates a second bitstream based on a plurality 
of non-multi-channel object signals OBJECT1 through 
OBJECTn. Then, an object encoder 235 combines the first 
and second bitstreams into a single bitstream by using almost 
the same method used to incorporate a plurality of bitstreams 
into a single bitstream with the aid of an MCU. 

Referring to FIG. 15, a multi-channel encoder 241 gener 
ates a downmix signal and channel-based side information 
based on a multi-channel object signal (OBJECT A(CH1) 
through OBJECTA(CHn)). An object encoder 243 receives 
the downmix signal generated by the multi-channel encoder 
241 and a plurality of non-multi-channel object signals 
OBJECT1 through OBJECTn and generates an object bit 
stream and side information based on the received downmix 
signal and the object signals OBJECT1 through OBJECTn. A 
multiplexer 245 combines the channel-based side informa 
tion generated by the multi-channel encoder 241 and the side 
information generated by the object encoder 243 and outputs 
the result of the combination. 

Referring to FIG. 16, a multi-channel encoder 253 gener 
ates a downmix signal and channel-based side information 
based on a multi-channel object signal (OBJECT A(CH1) 
through OBJECTA(CHn)). An object encoder 251 generates 
a downmix signal and side information based on a plurality of 
non-multi-channel object signals OBJECT1 through 
OBJECTn. An object encoder 255 receives the downmix 
signal generated by the multi-channel encoder 253 and the 
downmix signal generated by the object encoder 251 and 
combines the received downmix signals. A multiplexer 257 
combines the side information generated by the object 
encoder 251 and the channel-based side information gener 
ated by the multi-channel encoder 253 and outputs the result 
of the combination. 

In the case of using object-based audio encoding in tele 
conferencing, it is necessary Sometimes to incorporate a plu 
rality of object bitstreams into a single bitstream. The incor 
poration of a plurality of object bitstreams into a single object 
bitstream will hereinafter be described in detail. 

FIG. 17 illustrates a diagram for explaining the incorpora 
tion of two object bitstreams. Referring to FIG. 17, when two 
object bitstreams are incorporated into a single object bit 
stream, side information such as CLD and ICC information 
present in the two object bitstreams, respectively, needs to be 
modified. The two object bitstreams may be incorporated into 
a single object bitstream simply by using an additional OTT 
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box, i.e., an eleventh OTT box, and using side information 
such as CLD and ICC information provided by the eleventh 
OTT box. 

Tree configuration information of each of the two object 
bitstreams must be incorporated into integrated tree configu 
ration information in order to incorporate the two object 
bitstreams into a single object bitstream. For this, additional 
configuration information, if any, generated by the incorpo 
ration of the two object bitstreams may be modified, the 
indexes of a number of OTT boxes used to generate the two 
object bitstreams may be modified, and only a few additional 
processes such as a computation process performed by the 
eleventh OTT box and the downmixing of two downmix 
signals of the two object bitstreams may be performed. In this 
manner, the two object bitstreams can be easily incorporated 
into a single object bitstream without the need to modify 
information regarding each of a plurality of object signals 
from which the two object signals originate. 

Referring to FIG. 17, the eleventh OTT box may be 
optional. In this case, the two downmix signals of the two 
object bitstreams may be used as they are as a two-channel 
downmix signal. Thus, the two object bitstreams can be incor 
porated into a single object bitstream without a requirement 
of additional computation. 

FIG. 18 illustrates a diagram for explaining the incorpora 
tion of two or more independent object bitstreams into a 
single object bitstream having a stereo downmix signal. 
Referring to FIG. 18, if two or more independent object 
bitstreams have different numbers of parameter bands, 
parameter band mapping may be performed on the object 
bitstreams so that the number of parameterbands of one of the 
object bitstreams having fewer parameter bands can be 
increased to be the same as the number of parameter bands of 
the other object bitstream. 
More specifically, parameter band mapping may be per 

formed using a predetermined mapping table. In this case, 
parameter band mapping may be performed using a simple 
linear formula. 

If there are overlapping parameter bands, parameter values 
may be appropriately mixed in consideration of the amount 
by which the overlapping parameterbands overlap each other. 
In the situations when low complexity is prioritized, param 
eter band mapping may be performed on two object bit 
streams so that the number of parameter bands of one of the 
two object bitstreams having more parameter bands can be 
reduced to be the same as the number of parameter bands of 
the other object bitstream. 

In the embodiments of FIGS. 17 and 18, two or more 
independent object bitstreams can be incorporated into an 
integrated object bitstream without a requirement of the com 
putation of existing parameters of the independent object 
bitstreams. However, in the case of incorporating a plurality 
of downmix signals, parameters regarding the downmix Sig 
nals may need to be calculated again through QMF/hybrid 
analysis. However, this computation requires a large amount 
of computation, thereby compromising the benefits of the 
embodiments of FIGS. 17 and 18. Therefore, it is necessary to 
come up with methods of extracting parameters without a 
requirement of QMF/hybrid analysis or synthesis even when 
downmix signals are downmixed. For this, energy informa 
tion regarding the energy of each parameter band of each 
downmix signal may be included in an object bitstream. 
Then, when downmix signals are downmixed, information 
Such as CLD information may be easily calculated based on 
such energy information without a requirement of QMF/ 
hybrid analysis or synthesis. Such energy information may 
represent a highest energy level for each parameter band or 
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the absolute value of the energy level of a highest-energy 
object signal for each parameter band. The amount of com 
putation may be further reduced by using ICC values obtained 
from a time domain for an entire parameter band. 

During the downmix of a plurality of downmix signals, 
clipping may occur. In order to address this, the levels of 
downmix signals may be reduced. If the levels of downmix 
signals are reduced, level information regarding the reduced 
levels of the downmix signals may need to be included in an 
object bitstream. The level information for preventing clip 
ping may be applied to each frame of an object bitstream or 
may be applied only to some frames in which clipping occurs. 
The levels of the original downmix signals may be calculated 
by inversely applying the level information for preventing 
clipping during a decoding operation. The level information 
for preventing clipping may be calculated in a time domain 
and thus does not need to be subjected to QMF/hybrid syn 
thesis or analysis. The incorporation of a plurality of object 
signals into a single object bitstream may be performed using 
the structure illustrated in FIG. 12, and this will hereinafter be 
described in detail with reference to FIG. 19. 

FIG. 19 illustrates a diagram for explaining the incorpora 
tion of two independent object bitstreams into a single object 
bitstream. Referring to FIG. 19, a first box 261 generates a 
first object bitstream, and a second box 263 generates a sec 
ond object bitstream. Then, a third box 265 generates a third 
object bitstream by combining the first and second bitstreams. 
In this case, if the first and second object bitstreams include 
information the absolute value of the energy level of a high 
est-energy object signal for each parameter band and the 
ratios of the energy levels of other non-highest-energy object 
signals to the energy level of the highest-energy object signal 
and gain information regarding gain values, which are mul 
tiplied by downmix signals by the first and second boxes 261 
and 263, the third box 265 may generate the third object 
bitstream simply by incorporating the first and second bit 
streams without a requirement of additional parameter com 
putation or extraction. 
The third box 265 receives a plurality of downmix signals 

DOWNMIX A and DOWNMIX B. The third box 265 con 
verts the downmix signals DOWNMIX A and DOWN 
MIX B into PCM signals and adds up the PCM signals, 
thereby generating a single downmix signal. During this pro 
cess, however, clipping may occur. In order to address this, 
the downmix signals DOWNMIX A and DOWNMIX B 
may be multiplied by a predefined gain value. Information 
regarding the predefined gain value may be included in the 
third object bitstream and transmitted along with the third 
object bitstream. 
The incorporation of a plurality of object bitstreams into a 

single object bitstream will hereinafter be described in further 
detail. Referring to FIG. 19, SIDE INFO A may include 
absolute object energy information regarding energy level of 
a highest-energy object signal among a plurality of object 
signals OBJECT1 through OBJECTn and object energy ratio 
information indicating the ratios of the energy levels of the 
other non-highest-energy object signals to the energy level of 
the highest-energy object signal. Likewise, SIDE INFO B 
may include absolute object energy information regarding 
energy level of a highest-energy object signal among a plu 
rality of object signals OBJECT1" through OBJECTn" and 
object energy ratio information indicating the ratios of the 
energy levels of the other non-highest-energy object signals 
to the energy level of the highest-energy object signal. 
SIDE INFO A and SIDE INFO B may be included in 

parallel in one bitstream, as illustrated in FIG. 20. In this case, 
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a bit indicating whether more than one bitstream exists in 
parallel may be additionally provided. 

Referring to FIG. 20, in order to indicate whether a prede 
termined bitstream is an integrated bitstream including more 
than one bitstream therein or not, information indicating 
whether the predetermined bitstream is an integrated bit 
stream, information regarding the number of bitstreams, if 
any, included in the predetermined bitstream, and informa 
tion regarding the original positions of bitstreams, if any, 
included in the predetermined bitstream may be provided at 
the head of the predetermined bitstream and followed by 
more than one bitstream, if any, in the predetermined bit 
stream. In this case, a decoder may determine whether the 
predetermined bitstream is an integrated bitstream including 
more than one bitstream by analyzing the information at the 
head of the predetermined bitstream. This type of bitstream 
incorporation method does not require additional processes, 
other than the addition of a few identifiers to a bitstream. 
However, such identifiers need to be provided at intervals of 
a number of frames. In addition, this type of bitstream incor 
poration method requires a decoder to determine whether 
every bitstream that the decoder receives is an integrated 
bitstream or not. 
As an alternative to the above-mentioned bitstream incor 

poration method, a plurality of bitstreams may be incorpo 
rated into a single bitstream in Such a manner that a decoder 
cannot recognize that the single bitstream is an integrated 
bitstream or not. This will hereinafter be described in detail 
with reference to FIG. 21. 

Referring to FIG. 21, the energy level of a highest-energy 
object signal represented by SIDE INFO A and the energy 
level of a highest-energy object signal represented by 
SIDE INFO B are compared. Then, whichever of the two 
object signals has a higher energy level is determined to be a 
highest-energy object signal of an integrated bitstream. For 
example, if the energy level of the highest-energy object 
signal represented by SIDE INFO A is higher than the 
energy level of the highest-energy object signal represented 
by SIDE INFO B, the highest-energy object signal repre 
sented by SIDE INFO A may become a highest-energy 
object signal of an integrated bitstream. Then, energy ratio 
information of SIDE INFO A may be used in the integrated 
bitstream as it is, whereas energy ratio information of 
SIDE INFO B may be multiplied by the ratio of the energy 
levels of the highest-energy object signal among object sig 
nals represented by SIDE INFO B to the highest-energy 
object signal among object signals represented by SIDE IN 
FO A. 

Then, energy ratio information of whichever of SIDE IN 
FO A and SIDE INFO B includes information regarding 
the highest-energy object signal of the integrated bitstream 
may be used in the integrated bitstream, and energy ratio 
information of the highest-energy object signal represented 
by Param A and the highest-energy object signal represented 
by SIDE INFO B. This method involves the recalculation of 
energy ratio information of SIDE INFO B. However, the 
recalculation of energy ratio information of SIDE INFO B 
is relatively not complicated. In this method, a decoder may 
not be able to determine whether a bitstream that it receives is 
an integrated bitstream including more than one bitstream or 
not, and thus, a typical decoding method may be used. 
Two object bitstreams including stereo downmix signals 

may be easily incorporated into a single object bitstream 
without a requirement of the recalculation of information 
regarding object signals by using almost the same method 
used to incorporate bitstreams including mono downmix Sig 
nals. In an object bitstream, information regarding a tree 
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structure that downmixes object signals is followed by object 
signal information obtained from each branch (i.e., each box) 
of the tree structure. 

Object bitstreams have been described above, assuming 
that certain object are only distributed to a left channel or a 
right channel of a stereo downmix signal. However, object 
signals are generally distributed between both channels of a 
stereo downmix signal. Therefore, it will hereinafter be 
described in detail how to generate an object bitstream based 
on object bitstreams that are distributed between two chan 
nels of a stereo downmix signal. 

FIG. 22 illustrates a diagram for explaining a method of 
generating a stereo downmix signal by mixing a plurality of 
object signals, and more particularly, a method of downmix 
ing four object signals OBJECT1 through OBJECT4 into L 
and R stereo signals. Referring to FIG. 22, some of the four 
object signals OBJECT1 through OBJECT4 belong to both L 
and R channels of a downmix signal. For example, the first 
object signal OBJECT1 is distributed between the L and R 
channels at a ratio of aib, as indicated by Equation (3): 

C uation 3 Engobi = , Egobi Eq 
t 

Engobi = , Egobi 

If an object signal is distributed between the L and R 
channels of a stereo downmix signal, channel distribution 
ratio information regarding the ratio (ab) at which the object 
signal is distributed between the L and R channels may be 
additionally required. Then, information regarding the object 
signal such as CLD and ICC information may be calculated 
by performing downmixing using OTT boxes for the L and R 
channels of a stereo downmix signal, and this will hereinafter 
be described in further detail with reference to FIG. 23. 

Referring to FIG. 23, once CLD and ICC information 
obtained from a plurality of OTT boxes during a downmixing 
operation and channel distribution ratio information of each 
of a plurality of object signals is provided, it is possible to 
calculate a multi-channel bitstream that varies adaptively to 
any modification made to object position information and 
playback configuration information by an end user. In addi 
tion, ifa stereo downmix signal needs to be processed through 
downmix preprocessing, it is possible to obtain information 
regarding how the Stereo downmix signal is processed 
through downmix preprocessing and to transmit the obtained 
information to a preprocessor. That is, if there is no channel 
distribution ratio information of each of a plurality of object 
signals provided, there is no way to calculate a multi-channel 
bitstream and obtain information necessary for the operation 
of a preprocessor. Channel distribution ratio information of 
an object signal may be represented as a ratio of two integers 
or a scalar (unit:dB). 
As described above, if an object signal is distributed 

between two channels of a stereo downmix signal, channel 
distribution ratio information of the object signal may be 
required. Channel distribution ratio information may have a 
fixed value indicating the ratio at which an object signal is 
distributed between two channels of a stereo downmix signal. 
Alternatively, channel distribution ratio information of an 
object signal may vary from one frequency band to another 
frequency band of the object signal especially when the chan 
nel distribution ratio information is used as ICC information. 
If a stereo downmix signal is obtained by a complicated 
downmix operation, i.e., if an object signal belongs to two 
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channels of a stereo downmix signal and is downmixed by 
varying ICC information from one frequency band to another 
frequency band of the object signal, a detailed description of 
the downmixing of the object signal may be additionally 
required in order to decode a finally-rendered object signal. 
This embodiment may be applied to all possible object struc 
tures that have already been described. 

Thereafter, preprocessing will hereinafter be described in 
detail with reference to FIGS. 24 through 27. If a downmix 
signal input to an object decoder is a stereo signal, the input 
downmix signal may need to be preprocessed before being 
input to a multi-channel decoder of the object decoder 
because the multi-channel decoder cannot map a signal 
belonging to a left channel of the input downmix signal to a 
right channel. Therefore, in order for an end user to shift the 
position of an object signal belonging to the left channel of the 
input downmix signal to a right channel, the input downmix 
signal may need to be preprocessed, and the preprocessed 
downmix signal may be input to the multi-channel decoder. 
The preprocessing of a stereo downmix signal may be 

performed by obtaining preprocessing information from an 
object bitstream and from a rendering matrix and appropri 
ately processing the stereo downmix signal according to the 
preprocessing information, and this will hereinafter be 
described in detail. 

FIG. 24 illustrates a diagram for explaining how to config 
ure a stereo downmix signal based on four object signals 
OBJECT1 through OBJECT4. Referring to FIG. 24, the first 
object signal OBJECT1 is distributed between L and R chan 
nels at a ratio of a:b, the second object signal OBJECT2 is 
distributed between the Land R channels at a ratio of c:d, the 
third object signal OBJECT3 is distributed only to the L 
channel, and the fourth object signal OBJECT4 is distributed 
only to the R channel. Information such as CLD and ICC may 
be generated by passing each of the first through fourth object 
signals OBJECT1 through OBJECT4 through a number of 
OTT, and a downmix signal may be generated based on the 
generated information. 
Assume that an end user obtains a rendering matrix by 

appropriately setting the positions and the levels of the first 
through fourth object signals OBJECT1 through OBJECT4, 
and that there are five channels. The rendering matrix may be 
represented by Equation (4): 

30 10 20 30 10 

10 30 20 1 0 30 

22 22 22 22 22 

21 21 31 11 11 

Equation 4 

Referring to Equation (4), when the sum offive coefficients 
in each of the four rows is equal to a predefined reference 
value, i.e., 100, it is determined that the level of a correspond 
ing object signal has not been varied. The amount by which 
the sum of the five coefficients in each of the four rows is 
discrepant from the predefined reference value may be the 
amount (unit: dB) by which the level of a corresponding 
object signal has been varied. The first, second, third, fourth 
and fifth columns of the rendering matrix of Equation (4) 
represent FL, FR, C, RL, and RR channels, respectively. 
The first row of the rendering matrix of Equation (4) cor 

responds to the first object signal OBJECT1 and has a total of 
five coefficients, i.e., 30, 10, 20, 30, and 10. Since the sum of 
the five coefficients of the first row is 100, it is determined that 
the level of the first object signal OBJECT1 has not been 
varied, and that only the spatial position of the first object 
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signal OBJECT1 has changed. Even though the five coeffi 
cients of the first row represent different channel directions, 
they may be largely classified into two channels: L and R 
channels. Then, the ratio at which the first object signal 
OBJECT1 is distributed between the L and R channels may 
be calculated as 70% (=(30+30+20)*0.5):30% (=(10+10+20) 
*0.5). Therefore, the rendering matrix of Equation (4) indi 
cates that the level of the first object signal OBJECT1 has not 
been varied, and that the first object signal OBJECT1 is 
distributed between the L and R channels at a ratio of 70%: 
30%. If the sum of five coefficients of any one of the rows of 
the rendering matrix of Equation (4) is less than or greater 
than 100, it may be determined that the level of a correspond 
ing object signal has changed, and then, the corresponding 
object signal may be processed through preprocessing or may 
be converted into and transmitted as ADG. 

In order to preprocess downmix signals, the ratio at which 
the downmix signals are distributed between parameter 
bands, from which parameters are extracted from signals 
obtained by performing QMF/hybrid conversion on the 
downmix signals, may be calculated, and the downmix Sig 
nals may be redistributed between the parameter bands 
according to the setting of a rendering matrix. Various meth 
ods of redistributing downmix signals between parameter 
bands will hereinafter be described in detail. 

In a first redistribution method, L- and R-channel downmix 
signals are decoded separately using their respective side 
information (such as CLD and ICC information) and using 
almost the same method used by a multi-channel codec. Then, 
object signals distributed between the L- and R-channel 
downmix signals are restored. In order to reduce the amount 
of computation, the L- and R-channel downmix signals may 
be decoded only using CLD information. The ratio at which 
each of the restored object signals is distributed between the 
L- and R-channel downmix signals may be determined based 
on side information. 

Each of the restored object signals may be redistributed 
between the L- and R-channel downmix signals according to 
a rendering matrix. Then, the redistributed object signals are 
downmixed on a channel-by-channel basis by OTT boxes, 
thereby completing preprocessing. In short, the first redistri 
bution method adopts the same method used by a multi 
channel codec. However, the first redistribution method 
requires as many decoding processes as there are object sig 
nals for each channel, and requires a redistribution process 
and a channel-based downmix process. 

In a second redistribution method, unlike in the first redis 
tribution method, object signals are not restored from L- and 
R-downmix signals. Instead, each of the L- and R-downmix 
signals is divided into two portions: one portion L L or R R 
that should be left in a corresponding channel and the other 
portion L R or R L that should be redistributed, as illustrated 
in FIG. 25. Referring to FIG. 25, L L indicates a portion of 
the L-channel downmix signal that should be left in an L 
channel, and L R indicates a portion of the L-channel down 
mix signal that should be added to an R channel. Likewise, 
R. Rindicates a portion of the R-channel downmix signal that 
should be left in the R channel, and R L indicates a portion of 
the R-channel downmix signal that should be added to the L 
channel. Each of the L- and R-channel downmix signals may 
be divided into two portions (L. L and L R or R RandR L) 
according to the ratio at which each object signal is distrib 
uted between the L- and R-downmix signals, as defined by 
Equation (2), and the ratio at which each object signal should 
be distributed between preprocessed L' and R' channels as 
defined by Equation (3). Therefore, it may be determined how 
the L- and R-channel downmix signals should be redistrib 
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uted between the preprocessed L' and R' channels by com 
paring the ratio at which each object signal is distributed 
between the L- and R-downmix signals and the ratio at which 
each object signal should be distributed between prepro 
cessed Land R' channels. 
The division of an L-channel signal into signals L. L and 

L R according to a predefined energy ratio has been 
described above. Once the L-channel signal is divided into 
signals L. L and L R, an ICC between the signals L. L and 
L R may need to be determined. The ICC between the signals 
L. L and L R may be easily determined based on ICC infor 
mation regarding object signals. That is, the ICC between the 
signals L. L and L R may be determined based on the ratio at 
which each object signal is distributed between the signals 
L. L and L. R. 
The second downmix redistribution method will hereinaf 

ter be described in further detail. Assume that L- and R-chan 
nel downmix signals L and R are obtained by the method 
illustrated in FIG. 24, and that first, second, third and fourth 
object signals OBJECT1, OBJECT2, OBJECT3, and 
OBJECT4 are distributed between the L- and R-channel 
downmix signals L and R at ratios of 1:2, 2:3, 1:0, and 0:1, 
respectively. A plurality of object signals may be downmixed 
by a number of OTT boxes, and information such as CLD and 
ICC information may be obtained from the downmixing of 
the object signals. 
An example of a rendering matrix established for the first 

through fourth object signals OBJECT1 through OBJECT4 is 
as represented by Equation (4). The rendering matrix includes 
position information of the first through fourth object signals 
OBJECT1 through OBJECT4. Thus, preprocessed Land R' 
channel downmix signals may be obtained by performing 
preprocessing using the rendering matrix. How to establish 
and interpret the rendering matrix has already been described 
above with reference to Equation (3). 
The ratio at which each of the first through fourth object 

signals OBJECT1 through OBJECT4 is distributed between 
the preprocessed L' and R' channel downmix signals may be 
calculated as indicated by Equation (5): 

Object1:Engo 130+30+200.5–70, Engo. -10+ 
10+20°0.5–30 Engol:Engol–70:30 

Object2: Engo.2 -10+10+20°0.5–30, Engo.230+ 
30+200.5–70 Engo. Engo. 30:70 

Object3:Engos-22+22+22°0.5–55, Engos-22+ 
22+22*0.5–55 Engos.Engos. 55:55 

Object4:Engo-21+11+31*0.5–47.5, 
Engola-21+11+31*0.5–47.5 Engola. 
Engo. 47.5:47.5 

The ratio at which each of the first through fourth object 
signals OBJECT1 through OBJECT4 is distributed between 
the L- and R-channel downmix signals L and R may be 
calculated as indicated by Equation (6): 

Equation 5 

Object1:Engol Engol 1:2. 

Object2: Engolia:Engop 2:3 

Object3:Engolia:Engo;3-1:0 

Object4:Engolia:Engolia,0:1 
Referring to Equation (5), the sum of part of the third object 

signal OBJECT3 distributed to the preprocessed L-channel 
downmix signal (L) and part of the third object signal 
OBJECT3 distributed to the R-channel downmix signal (R') 
is 110, and thus, it is determined that the level of the third 

10 

15 

25 

30 

35 

40 

45 

50 

55 

60 

65 

30 
object signal OBJECT3 has been increased by 10. On the 
other hand, the sum of part of the fourth object signal 
OBJECT4 distributed to the preprocessed L-channel down 
mix signal (L) and part of the fourth object signal OBJECT4 
distributed to the R-channel downmix signal (R') is 95, and 
thus, it is determined that the level of the fourth object signal 
OBJECT4 has been reduced by 5. If the rendering matrix for 
the first through fourth object signals OBJECT1 through 
OBJECT4 has a reference value of 100 and the amount by 
which the sum of the coefficients in each of the rows of the 
rendering matrix is discrepant from the reference value of 100 
represents the amount (unit: dB) by which the level of a 
corresponding object signal has been varied, it may be deter 
mined that the level of the third object signal OBJECT3 has 
been increased by 10 dB, and that the level of the fourth object 
signal OBJECT4 has been reduced by 5 dB. 

Equations (5) and (6) may be rearranged into Equation (7): 
Object1: Engol Engol. 33.3:66.7 Engol. 

Engo 1-70:30 

Object2: Engolia:Engop 40.60 Engola. 
Engo.230:70 

Object3. Engols: Engos-100.0 Engols. 
Engols, 50:50 

Object4:Engolia:Engola,0:100 Engola. 
Engola 50:50 Equation 7 

Equation (7) compares the ratio at which each of the first 
through fourth object signals OBJECT1 through OBJECT4 is 
distributed between L- and R-channel downmix signals 
before being preprocessed and the ratio at which each of the 
first through fourth object signals OBJECT1 through 
OBJECT4 is distributed between the L- and R-channel down 
mix signals after being preprocessed. Therefore, by using 
Equation (7), it is possible to easily determine how much of 
each of the first through fourth object signals OBJECT1 
through OBJECT4 should be redistributed through prepro 
cessing. For example, referring to Equation (7), the ratio at 
which the second object signal OBJECT2 is distributed 
between the L- and R-channel downmix signals changes from 
40:60 to 30:70, and thus, it may be determined that one fourth 
(25%) of part of the second object signal OBJECT2 previ 
ously distributed to the L-channel downmix signal needs to be 
shifted to the R-channel downmix signal. This may become 
more apparent by referencing Equation (8): 

OBJECT1: 55% of part of OBJECT1 previously dis 
tributed to Rneeds to be shifted to L. 

OBJECT2: 25% of part of OBJECT1 previously dis 
tributed to L needs to be shifted to R 

OBJECT3: 50% of part of OBJECT1 previously dis 
tributed to L needs to be shifted to R 

OBJECT4: 50% of part of OBJECT1 previously dis 
tributed to Rneeds to be shifted to L. Equation 8 

By using Equation (8), signals L. L. L. R. R. L. and R. Rof 
FIG. 25 may be represented, as indicated by Equation (9): 

Engz -Engo-0.75 Engo.2+0.5°Engols 

Engi R-0.25 'Engo.2+0.5 'Ergot;3 

Engr. =0.55 Engo-0.5 Engola 

Engr. R-0.45 'Ergot 1+Ergot 2+0.5 'Engobj4 

The value of each object signal in Equation (9) may be 
represented as the ratio at which a corresponding object sig 
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nal is distributed between L and R channels by using dequan 
tized CLD information provided by an OTT box, as indicated 
by Equation (10): 

CO2 CD 1010 1010 Equation 10 
Engobi = Co2 crp Engl. 

1010 1 1010 

CO2 
1010 1 

Engoba = of crp Engll 
- 1010 1 - 1010 

CD4 CD3 
1010 1010 

Engobi = Co to Eng R, 
- 1010 1 - 1010 

CD4 
1010 1 

Engoba = crp crps Eng R 
- 1010 1 - 1010 

1 
Engoba = \ 1 10 * Engi, 

-- U 10 

1 
Engoba CD4 Eng 

1 - 1010 

CLD information used in each parsing block of FIG. 25 
may be determined, as indicated by Equation (11): 

Equation 11 HE) CLDpars = 10logo R+s 

E CLDpars2 = 10log of R+s 
e: A constant to avoid division by Zero, 

e.g. 96 dB below maximum signal input. 

In this manner, CLD and ICC information used in a parsing 
block for generating the signals L. L and L R based on an 
L-channel downmix signal may be determined, and CLD and 
ICC information used in a parsing block for generating the 
signals R L and R R signals based on an R-channel down 
mix signal may also be determined. Once the signals L. L. 
L. R. R. L., and R. Rare obtained, as illustrated in FIG. 25, the 
signals L R and R R may be added, thereby obtaining a 
preprocessed stereo downmix signal. If a final channel is a 
Stereo channel, L- and R-channel downmix signals obtained 
by preprocessing may be output. In this case, a variation, if 
any, in the level of each object signal is yet to be adjusted. For 
this, a predetermined module which performs the functions of 
an ADG module may be additionally provided. Information 
for adjusting the level of each object signal may be calculated 
using the same method used to calculate ADG information, 
and this will be described later in further detail. Alternatively, 
the level of each object signal may be adjusted during a 
preprocessing operation. In this case, the adjustment of the 
level of each object signal may be performed using the same 
method used to process ADG. Alternatively to the embodi 
ment of FIG. 25, a decorrelation operation may be performed 
by a decorrelator and a mixer, rather than by parsing modules 
PARSING 1 and PARSING 2, as illustrated in FIG. 26, in 
order to adjust the correlation between signals L and R' 
obtained by mixing. Referring to FIG. 26, Pre Land Pre R' 
indicate L- and R-channel signals obtained by level adjust 
ment. One of the signals Pre L' and Pre R' may be input to 
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the decorrelator, and then Subjected to a mixing operation 
performed by the mixer, thereby obtaining a correlation-ad 
justed signal. 
A preprocessed stereo downmix signal may be input to a 

multi-channel decoder. In order to provide multi-channel out 
put compatible with object position information and playback 
configuration information set by an end user, not only a pre 
processed downmix signal but also channel-based side infor 
mation for performing multi-channel decoding is necessary. 
It will hereinafter be described in detail how to obtain chan 
nel-based side information by taking the above-mentioned 
example again. Preprocessed downmix signals L' and R' 
which are input to a multi-channel decoder, may be defined 
based on Equation (5), as indicated by Equation (12): 

Engli-Engll thEngr. 1-0.7Engo 1-0.3Engo.2+ 
0.5Engo:3+0.5 Engota 

Engri-Engr. R+Engr. R-0.3Engol--0.7Engorah 
0.5Engo:3+0.5Engota 

The ratio at which each of first through fourth object sig 
nals OBJECT1 through OBJECT4 is distributed among FL, 
RL, C, FR and RR channels may be determined as indicated 
by Equation (13): 

Equation 12 

Engri-0.3Engo 1--0.1 Engo.2+0.2Engots+0.21100/ 
95 Engola 

Engri-0.3Engo 1--0.1 Engo.2+0.2Engots+0.11:100/ 
95 Engola 

Engc=0.2Engo-0.2Engo2+0.2Engos--0.31100/ 
95 Engota 

EngrR-0.1 Engo 1-0.3Engopt-0.2Engots+0.21:100 
95 Engota 

Engrk-0.1 Engo 1-0.3Engopt-0.2Engo,0.11:100 
95 Engota Equation 13 

The preprocessed downmix signals L' and R' may be 
expanded to 5.1 channels through MPS, as illustrated in FIG. 
27. Referring to FIG. 27, parameters of a TTT box TTTO and 
OTT boxes OTTA, OTTB and OTTC may need to be calcu 
lated in units of parameter bands even though the parameter 
bands are not illustrated for convenience. 
The TTT box TTTO may be used in two different modes: an 

energy-based mode and a prediction mode. When used in the 
energy-based mode, the TTT box TTTO needs two pieces of 
CLD information. When used in the prediction mode, the 
TTT box TTT0 needs two pieces of CPC information and a 
piece of ICC information. 

In order to calculate CLD information in the energy-based 
mode, the energy ratio of signals L", R" and C of FIG.27 may 
be calculated using Equations (6), (10), and (13). The energy 
level of the signal L" may be calculated as indicated by 
Equation (14): 

Eng- = Equation 14 

Engel + Engr. = 0.6Engol -- 0.2Engo2 -- 0.4Engos -- 

0.32. 100/95. Engo = 
CO2 CD 

1 1010 1010 
0.6 s - - Engi + 

1 - 1010 1 - 1010 

CO2 
2 1010 1 

0.2 s - - - - - Engi + 
1 - 1010 1 - 1010 
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-continued 
1 

0.4. CO2 Eng + 
1 - 1010 

0.32. 100 f 95. crp Engr. 
1 - 1010 

Equation (14) may also be used to calculate the energy 
level of R" or C. Thereafter, CLD information used in the TTT 
box TTTO may be calculated based on the energy levels of 
signals L", R" and C, as indicated by Equation (15): 

Equation 15 E. - E 
TTTCD = Iolog(Es) Engr. 

Eng, 
TTTCP2 = 10log. ing Engin 

Equation (14) may be established based on Equation (10). 
Even though Equation (10) only defines how to calculate 
energy values for an L channel, energy values for an R chan 
nel can be calculated using Equation (10). In this manner, 
CLD and ICC values of third and fourth OTT boxes can be 
calculated based on CLD and ICC values of first and second 
OTT boxes. This, however, may not necessarily apply to all 
tree structures but only to certain tree structures for decoding 
object signals. Information included in an object bitstream 
may be transmitted to each OTT box. Alternatively, Informa 
tion included in an object bitstream may be transmitted only 
to some OTT boxes, and information indicating OTT boxes 
that have not received the information may be obtained 
through computation. 

Parameters such as CLD and ICC information may be 
calculated for the OTT boxes OTTA, OTTB and OTTC by 
using the above-mentioned method. Such multi-channel 
parameters may be input to a multi-channel decoder and then 
Subjected to multi-channel decoding, thereby obtaining a 
multi-channel signal that is appropriately rendered according 
to object position information and playback configuration 
information desired by an end user. 
The multi-channel parameters may include ADG param 

eter if the level of object signals have not yet been adjusted by 
preprocessing. The calculation of an ADG parameter will 
hereinafter be described in detail by taking the above-men 
tioned example again. 
When a rendering matrix is established so that the level of 

a third object signal can be increased by 10 dB, that the level 
of a fourth object signal can be reduced by 5 dB, that the level 
ofa third object signal component in L'can be increased by 10 
dB, and that the level of a fourth object signal component in 
L' can be reduced by 5 dB, a ratio RatioADG, L' of energy 
levels before and after the adjustment of the levels of the third 
and fourth object signals may be calculated using Equation 
(16): 

Engll after Equation 16 
Ratio Apot = co- = E8 L before 
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34 
-continued 

0.7Engol + 0.3Engobo + 
5 -2.5 

0.5. 1010 Engo + 0.5-1010 Engo 
0.7Engo + 0.3Engobo + 
0.5Engols +0.5 Engo 

The ratio Ratio.56 may be determined by Substituting 
Equation (10)into Equation (16). A ratio Ratio 56 for an 
R channel may also be calculated using Equation (16). Each 
of the ratios Ratio too.56 and Ratio to 56 represents a 
variation in the energy of a corresponding parameter band due 
to the adjustment of the levels of object signals. Thus, ADG 
values ADG (L) and ADG(R) can be calculated using the 
ratios Ratio too.56 and Ratio to 56, as indicated by Equa 
tion (17): 

ADG(L)–10 logo (Ratio apot) 

ADG(R)-10 logio(Ratio ador) 

Once the ADG parameters ADG(L) and ADG (R') are 
determined, the ADG parameters ADG (L) and ADG(R') are 
quantized by using an ADG quantization table, and the quan 
tized ADG values are transmitted. If there is the need to 
further precisely adjust the ADG values ADG(L) and ADG 
(R'), the adjustment of the ADG values ADG (L) and ADG 
(R') may be performed by a preprocessor, rather than by an 
MPS decoder. 
The number and interval of parameter bands for represent 

ing object signals in an object bitstream may be different from 
the number and interval of parameter bands used in a multi 
channel decoder. In this case, the parameter bands of the 
object bitstream may be linearly mapped to the parameter 
bands of the multi-channel decoder. More specifically, if a 
certain parameter band of an object bitstream ranges over two 
parameter bands of a multi-channel decoder, linear mapping 
may be performed so that the certain parameter band of the 
object bitstream can be divided according to the ratio at which 
the corresponding parameter band is distributed between the 
two parameter bands of the multi-channel decoder. On the 
other hand, if more than one parameter band of an object 
bitstream is included in a certain parameter band of a multi 
channel decoder, the values of parameters of the object bit 
stream may be averaged. Alternatively, parameter band map 
ping may be performed using an existing parameter band 
mapping table of the multi-channel standard. 
When object coding is used for teleconferencing, the 

Voices of various people correspond to object signals. An 
object decoder outputs the Voices respectively corresponding 
to the object signals to certain speakers. However, when more 
than one person talks at the same time, it is difficult for an 
object decoder to appropriately distribute the voices of the 
people to different speakers through decoding, and the ren 
dering of the Voices of the people may cause Sound distortions 
and deteriorate the quality of Sound. In order to address this, 
information indicating whether more than one person talks at 
the same time may be included in a bitstream. Then, if it is 
determined based on the information that more than one 
person talks at the same time, a channel-based bitstream may 
be modified so that barely-decoded signals almost like down 
mix signals can be output to each speaker. 

For example, assume that there are three people a, b and c 
and the voices of the three people a, b and c need to be 
decoded and thus to be output to speakers A, B and C, respec 
tively. When the three people a, b and c talk at the same time, 
the voices of the three people a, b and c may all be included in 

Equation 17 
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a downmix signal, which is obtained by downmixing object 
signals respectively representing the Voices of the three 
people a, b and c. In this case, information regarding parts of 
the downmix signal respectively corresponding to the Voices 

36 

R=Obj1*HRTFe+Obj2*HRTFre Equation 18 

A multi-channel binaural decoder obtains binaural sound 
of the three people a, b and c may be configured as a multi- 5 by performing decoding on the assumption that a 5.1-channel 
channel bitstream. Then, the downmix signal may be decoded 
using a typical object decoding method so that the Voices of 
the three people a, b and c can be output to the speakers A, B 
and C, respectively. The output of each of the speakers A, B 
and C, however, may be distorted and may thus have lower 
recognition rates than the original downmix signal. In addi 
tion, the Voices of the three people a, b and c may not be 
properly isolated from one another. In order to address this, 
information indicating that the simultaneous utterances of the 
three people a, b and c talk may be included in a bitstream. 
Then, a transcoder may generate a multi-channel bitstream so 
that the downmix signal obtained by downmixing the object 
signals respectively corresponding to the Voices of the three 
people a, b and c can be output to each of the speakers A, B 
and C as it is. In this manner, it is possible to prevent signal 
distortions. 

In reality, when more than one person talks at the same 
time, it is hard to isolate the voice of each person. Therefore, 
the quality of sound may be higher when a downmix signal is 
output as it is than when the downmix signal is rendered so 
that the voices of different people can be isolated from one 
another and output to different speakers. For this, a transcoder 
may generate a multi-channel bitstream so that a downmix 
signal obtained from the simultaneous utterances of more 
than one person can be output to all speakers, or that the 
downmix signal can be amplified and then output to the 
speakers. 

In order to indicate whether a downmix signal of an object 
bitstream originates from the simultaneous utterances of one 
or more persons, an object encoder may appropriately modify 
the object bitstream, instead of providing additional informa 
tion, as described above. In this case, an object decoder may 
perform a typical decoding operation on the object bitstream 
so that the downmix signal can be output to speakers as it is, 
or that the downmix signal can be amplified, but not to the 
extent that signal distortions occur, and then output to the 
speakers. 
3D information such as an HTRF, which is provided to a 

multi-channel decoder, will hereinafter be described in detail. 
When an object decoder operates in a binaural mode, a 

multi-channel decoder in the object decoder also operates in 
the binaural mode. An end user may transmit 3D information 
such as an HRTF that is optimized based on the spatial posi 
tions of object signals to the multi-channel decoder. 
More specifically, when there are two object signals, i.e., 

OBJECT 1 and OBJECT2, and the two object signals 
OBJECT 1 and OBJECT2 are disposed at positions 1 and 2. 
respectively, a rendering matrix generator or transcoder may 
have 3D information indicating the positions of the object 
signals OBJECT 1 and OBJECT2. If the rendering matrix 
generator has the 3D information indicating the positions of 
the object signals OBJECT 1 and OBJECT2, the rendering 
matrix generator may transmit the 3D information indicating 
the positions of the object signals OBJECT 1 and OBJECT2 
to the transcoder. On the other hand, if the transcoder has the 
3D information indicating the positions of the object signals 
OBJECT 1 and OBJECT2, the rendering matrix generator 
may only transmit index information corresponding to 3D 
information to the transcoder. 

In this case, a binaural signal may be generated based on 
the 3D information specifying positions 1 and 2, as indicated 
by Equation (18): 
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speaker system will be used to reproduce Sound, and the 
binaural sound may be represented by Equation (19): 

RL*HRTFre-RR*HRTFree Equation 19 

An L-channel component of the object signal OBJECT1 may 
be represented by Equation (20): 

Lo-FLos HRTFFL--Col HRTFc+ 
FROHRTF,Fe+RLo HRTFrt+ 
RRoi HRTFer 

An R-channel component of the object signal OBJECT1 
and L- and R-channel components of the object signal 
OBJECT2 may all be defined by using Equation (20). 

For example, if the ratios of the energy levels of the object 
signals OBJECT1 and OBJECT2 to a total energy level are a 
and b, respectively, the ratio of part of the object signal 
OBJECT1 distributed to an FL channel to the entire object 
signal OBJECT1 is c and the ratio of part of the object signal 
OBJECT2 distributed to the FL channel to the entire object 
signal OBJECT2 is d, the ratio at which the object signals 
OBJECT1 and OBJECT2 are distributed to the FL channel is 
ac:bd. In this case, an HRTF of the FL channel may be 
determined, as indicated by Equation (21): 

Equation 20 

Equation 21 
HRTFrt t = HRTFPs + HRTFP2 ac + bad ac + bad 

HRTFrt.R = HRTFRPl -- HRTFRP2 ac + bad ac + bad 

In this manner, 3D information for use in a multi-channel 
binaural decoder can be obtained. Since 3D information for 
use in a multi-channel binaural decoder better represents the 
actual positions of object signals, it is possible to more vividly 
reproduce binaural signals through binaural decoding using 
3D information for use in a multi-channel binaural decoder 
than when performing multi-channel decoding using 3D 
information corresponding to five speaker positions. 
As described above, 3D information for use in a multi 

channel binaural decoder may be calculated based on 3D 
information representing the spatial positions of object sig 
nals and energy ratio information. Alternatively, 3D informa 
tion for use in a multi-channel binaural decoder may be gen 
erated by appropriately performing decorrelation when 
adding up 3D information representing the spatial positions 
of object signals based on ICC information of the object 
signals. 

Effect processing may be performed as part of preprocess 
ing. Alternatively, the result of effect processing may simply 
be added to the output of a multi-channel decoder. In the 
former case, in order to perform effect processing on an object 
signal, the extraction of the object signal may need to be 
performed in addition to the division of an L-channel signal 
into L. L and L Rand the division of an R-channel signal into 
RR and R L. 
More specifically, an object signal may be extracted from 

L- and R-channel signals first. Then, the L-channel signal 
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may be divided into L. L and L R, and the R-channel signal 
may be divided into R Rand R L. Effect processing may be 
performed on the object signal. Then, the effect-processed 
object signal may be divided into L- and R-channel compo 
nents according to a rendering matrix. Thereafter, the L-chan 
nel component of the effect-processed object signal may be 
added to L. L and R L. and the R-channel component of the 
effect-processed object signal may be added to R. Rand L. R. 

Alternatively, preprocessed Land R' channel signals may 
be generated first. Thereafter, an object signal may be 
extracted from the preprocessed L' and R' channel signals. 
Thereafter, effect processing may be performed on the object 
signal, and the result of effect processing may be added back 
to the preprocessed L' and R' channel signals. 

The spectrum of an object signal may be modified through 
effect processing. For example, the level of a high-pitch por 
tion or a low-pitch portion of an object signal may be selec 
tively increased. For this, only a spectrum portion corre 
sponding to the high-pitch portion or the low-pitch portion of 
the object signal may be modified. In this case, object-related 
information included in an object bitstream may need to be 
modified accordingly. For example, if the level of a low-pitch 
portion of a certain object signal is increased, the energy of 
the low-pitch portion of the certain object signal may also be 
increased. Thus, energy information included in an object 
bitstream does not properly represent the energy of the certain 
object signal any longer. In order to address this, the energy 
information included in the object bitstream may be directly 
modified according to a variation in the energy of the certain 
object signal. Alternatively, spectrum variation information 
provided by a transcoder may be applied to the formation of 
a multi-channel bitstream so that the variation in the energy of 
the certain object signal can be reflected into the multi-chan 
nel bitstream. 

FIGS. 28 through 33 illustrate diagrams for explaining the 
incorporation of a plurality of pieces of object-based side 
information and a plurality of downmix signal into a piece of 
side information and a downmix signal. In the case of tele 
conferencing, it is necessary Sometimes to combine a plural 
ity of pieces of object-based side information and a plurality 
of downmix signal into side information and a downmix 
signal. In this case, a number of factors need to be considered. 

FIG. 28 illustrates a diagram of an object-encoded bit 
stream. Referring to FIG. 28, the object-encoded bitstream 
includes a downmix signal and side information. The down 
mix signal is synchronized with the side information. There 
fore, the object-encoded bitstream may be readily decoded 
without consideration of additional factors. However, in the 
case of incorporating a plurality of bitstreams into a single 
bitstream, it is necessary to make Sure that a downmix signal 
of the single bitstream is synchronized with side information 
of the single bitstream. 

FIG. 29 illustrates a diagram for explaining the incorpora 
tion of a plurality of object-encoded bitstreams BS1 and BS2. 
Referring to FIG. 29, reference numerals 1, 2, and 3 indicate 
frame numbers. In order to incorporate a plurality of down 
mix signals into a single downmix signal, the downmix Sig 
nals may be converted into pulse code modulation (PCM) 
signals, the PCM signals may be downmixed on a time 
domain, and the downmixed PCM signal may be converted to 
a compression codec format. During these processes, a delay 
d may be generated, as illustrated in FIG. 29(b). Therefore, 
when a bitstream to be decoded is obtained by incorporating 
a plurality of bitstreams, it is necessary to make Sure that a 
downmix signal of a bitstream to be decoded is properly 
synchronized with side information of the bitstream to be 
decoded. 
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38 
If a delay between a downmix signal and side information 

of a bitstream is given, the bitstream may be compensated for 
by a predetermined amount corresponding to the delay. A 
delay between a downmix signal and side information of a 
bitstream may vary according to the type of compression 
codec used for generating the downmix signal. Therefore, a 
bit indicating a delay, if any, between a downmix signal and 
side information of a bitstream may be included in the side 
information. 

FIG.30 illustrates the incorporation of two bitstreams BS1 
and BS2 into a single bitstream when the downmix signals of 
the bitstreams BS1 and BS2 are generated by different types 
of codecs or the configuration of side information of the 
bitstream BS1 is different from the configuration of side 
information of the bitstream BS2. Referring to FIG. 30, when 
the downmix signals of the bitstreams BS1 and BS2 are 
generated by different types of codecs or the configuration of 
side information of the bitstream BS1 is different from the 
configuration of side information of the bitstream BS2, it may 
be determined that the bitstreams BS1 and BS2 have different 
signal delays d1 and d2 resulting from the conversion of 
downmix signals into time-domain signals and the conver 
sion of the time-domain signals with the use of a single 
compression codec. In this case, if the bitstreams BS1 and 
BS2 are simply added up without consideration of the differ 
ent signal delays, the downmix signal of the bitstream BS1 
may be misaligned with the downmix signal of the bitstream 
BS2 and the side information of the bitstream BS1 may be 
misaligned with the side information of the bitstream BS2. In 
order to address this, the downmix signal of the bitstream 
BS1, which is delayed by d1, may be further delayed so as to 
be synchronized with the downmix signal of the bitstream 
BS2, which is delayed by d2. Then, the bitstreams BS1 and 
BS2 may be combined using the same method of the embodi 
ment of FIG. 30. If there is more than one bitstream to be 
incorporated, whichever of the bitstreams has a greatest delay 
may be used as a reference bitstream, and then, the other 
bitstreams may be further delayed so to be synchronized with 
the reference bitstream. A bit indicating a delay between a 
downmix signal and side information may be included in an 
object bitstream. 

Bit indicating whether there is a signal delay in a bitstream 
may be provided. Only if the bit information indicates that 
there is a signal delay in a bitstream, information specifying 
the signal delay may be additionally provided. In this manner, 
it is possible to minimize the amount of information required 
for indicating a signal delay, if any, in a bitstream. 

FIG. 32 illustrates a diagram for explaining how to com 
pensate for one of two bitstreams BS1 and BS2 having dif 
ferent signal delays by the difference between the different 
signal delays, and particularly, how to compensate for the 
bitstream BS2, which has a longer signal delay than the 
bitstream BS1. Referring to FIG. 32, first through third 
frames of side information of the bitstream BS1 may all be 
used as they are. On the other hand, first through third frames 
of side information of the bitstream BS2 may not be used as 
they are because the first through third frames of the side 
information of the bitstream BS2 are not respectively syn 
chronized with the first through third frames of the side infor 
mation of the bitstream BS1. For example, the second frame 
of the side information of the bitstream BS1 corresponds not 
only to part of the first frame of the side information of the 
bitstream BS2 but also to part of the second frame of the side 
information of the bitstream BS2. The proportion of part of 
the second frame of the side information of the bitstream BS2 
corresponding to the second frame of the side information of 
the bitstream BS1 to the whole second frame of the side 
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information of the bitstream BS2 and the proportion of part of 
the first frame of the side information of the bitstream BS2 
corresponding to the second frame of the side information of 
the bitstream BS1 to the whole first frame of the side infor 
mation of the bitstream BS2 may be calculated, and the first 
and second frames of the side information of the bitstream 
BS2 may be averaged or interpolated based on the results of 
the calculation. In this manner, the first through third frames 
of the side information of the bitstream BS2 can be respec 
tively synchronized with the first through third frames of the 
side information of the bitstream BS1, as illustrated in FIG. 
32(b). Then, the side information of the bitstream BS1 and the 
side information of the bitstream BS2 may be incorporated 
using the method of the embodiment of FIG. 29. Downmix 
signals of the bitstreams BS1 and BS2 may be incorporated 
into a single downmix signal without a requirement of delay 
compensation. In this case, delay information corresponding 
to the signal delay d1 may be stored in an incorporated bit 
stream obtained by incorporating the bitstreams BS1 and 
BS2. 

FIG. 33 illustrates a diagram for explaining how to com 
pensate for whichever of two bitstreams having different sig 
nal delays has a shorter signal delay. Referring to FIG.33, first 
through third frames of side information of the bitstream BS2 
may all be used as they are. On the other hand, first through 
third frames of side information of the bitstream BS1 may not 
be used as they are because the first through third frames of 
the side information of the bitstream BS1 are not respectively 
synchronized with the first through third frames of the side 
information of the bitstream BS2. For example, the first frame 
of the side information of the bitstream BS2 corresponds not 
only to part of the first frame of the side information of the 
bitstream BS1 but also to part of the second frame of the side 
information of the bitstream BS1. The proportion of part of 
the first frame of the side information of the bitstream BS1 
corresponding to the first frame of the side information of the 
bitstream BS2 to the whole first frame of the side information 
of the bitstream BS1 and the proportion of part of the second 
frame of the side information of the bitstream BS1 corre 
sponding to the first frame of the side information of the 
bitstream BS2 to the whole second frame of the side infor 
mation of the bitstream BS1 may be calculated, and the first 
and second frames of the side information of the bitstream 
BS1 may be averaged or interpolated based on the results of 
the calculation. In this manner, the first through third frames 
of the side information of the bitstream BS1 can be respec 
tively synchronized with the first through third frames of the 
side information of the bitstream BS2, as illustrated in FIG. 
33(b). Then, the side information of the bitstream BS1 and the 
side information of the bitstream BS2 may be incorporated 
using the method of the embodiment of FIG. 29. Downmix 
signals of the bitstreams BS1 and BS2 may be incorporated 
into a single downmix signal without a requirement of delay 
compensation, even if the downmix signals have different 
signal delays. In this case, delay information corresponding 
to the signal delay d2 may be stored in an incorporated bit 
stream obtained by incorporating the bitstreams BS1 and 
BS2. 

Ifa plurality of object-encoded bitstreams are incorporated 
into a single bitstream, the downmix signals of the object 
encoded bitstreams may need to be incorporated into a single 
downmix signal. In order to incorporate a plurality of down 
mix signals corresponding to different compression codecs 
into a single downmix signals, the downmix signals may be 
converted into PCM signals or frequency-domain signals, and 
the PCM signals or the frequency-domain signals may be 
added up in a corresponding domain. Thereafter, the result of 
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the addition may be converted using a predetermined com 
pression codec. Various signal delays may occur according to 
whether to the downmix signals are added up during a PCM 
operation or added up in a frequency domain and according to 
the type of compression codec. Since a decoder cannot 
readily recognize the various signal delays from a bitstream to 
be decoded, delay information specifying the various signal 
delays may need to be included in the bitstream. Such delay 
information may represent the number of delay samples in a 
PCM signal or the number of delay samples in a frequency 
domain. 
The present invention can be realized as computer-read 

able code written on a computer-readable recording medium. 
The computer-readable recording medium may be any type of 
recording device in which data is stored in a computer-read 
able manner. Examples of the computer-readable recording 
medium include a ROM, a RAM, a CD-ROM, a magnetic 
tape, a floppy disc, an optical data storage, and a carrier wave 
(e.g., data transmission through the Internet). The computer 
readable recording medium can be distributed overa plurality 
of computer systems connected to a network So that com 
puter-readable code is written thereto and executed therefrom 
in a decentralized manner. Functional programs, code, and 
code segments needed for realizing the present invention can 
be easily construed by one of ordinary skill in the art. 
As described above, according to the present invention, 

Sound images are localized for each object signal by benefit 
ing from the advantages of object-based audio encoding and 
decoding methods. Thus, it is possible to offer more realistic 
Sounds during the playback object signals. In addition, the 
present invention may be applied to interactive games, and 
may thus provide a user with a more realistic virtual reality 
experience. 

While the present invention has been particularly shown 
and described with reference to exemplary embodiments 
thereof, it will be understood by those of ordinary skill in the 
art that various changes in form and details may be made 
therein without departing from the spirit and scope of the 
present invention as defined by the following claims. 

The invention claimed is: 
1. A method of decoding an audio signal, comprising: 
receiving a downmix signal, object-based side information 

and control information, the downmix signal being 
obtained by downmixing at least one object signal and 
the control information controlling for position or level 
of the object signal being included in the downmix Sig 
nal; 

extracting metadata indicating description of object signal 
from a header of the object-based side information; 

generating parameter information and spatial parameter 
information by using the control information and the 
object-based side information, the parameter informa 
tion being used to preprocess the downmix signal and 
the spatial parameter information being used to generate 
a multi-channel audio signal; 

preprocessing position or level of object signal being 
included in the downmix signal by applying the param 
eter information to the downmix signal; and 

generating a multi-channel audio signal by upmixing the 
preprocessed downmix signal based on the spatial 
parameter information, 

wherein the metadata uses text format. 
2. The audio decoding method of claim 1, wherein the 

metadata comprises at least one of a number corresponding to 
the object signal and a description of the object signal. 
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3. A non-transitory processor readable recording medium 
having recorded therein or thereon a program for executing, 
in a processor, the method of claim 1. 

4. An audio decoding apparatus, comprising: 
a demultiplexer configured to extract a downmix signal, 

object-based side information and control information 
from an input audio signal, the downmix signal being 
obtained by downmixing at least one object signal and 
the control information controlling for position or level 
of the object signal being included in the downmix Sig 
nal; 

a parameter converter configured to extract metadata indi 
cating description of object signal from a header of the 
object-based side information, and to generate param 
eter information and spatial parameter information by 
using the control information and the object-based side 
information, the parameter information being used to 
preprocess the downmix signal and the spatial parameter 
information being used to generate a multi-channel 
audio signal; 

a preprocessor configured to preprocess position or level of 
object signal being included in the downmix signal by 
applying the parameter information to the downmix Sig 
nal; and 

a multi-channel decoder configured to generate a multi 
channel audio signal by using by using the downmix 
signal, the object-based side information and the control 
information, 

wherein the metadata uses text format. 
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5. The apparatus of claim 4, wherein the metadata com 

prises at least one of a number corresponding to the object 
signal and a description of the object signal. 

6. A non-transitory computer readable recording medium 
having recorded thereona computer program for executing an 
audio decoding medium, the audio decoding method com 
prising: 

receiving a downmix signal, object-based side information 
and control information, the downmix signal being 
obtained by downmixing at least one object signal and 
the control information controlling for position or level 
of the object signal being included in the downmix Sig 
nal; 

extracting metadata indicating description of object signal 
from a header of the object-based side information; 

generating parameter information and spatial parameter 
information by using the control information and the 
object-based side information, the parameter informa 
tion being used to preprocess the downmix signal and 
the spatial parameter information being used to generate 
a multi-channel audio signal; 

preprocessing position or level of object signal being 
included in the downmix signal by applying the param 
eter information to the downmix signal; and 

generating a multi-channel audio signal by upmixing the 
preprocessed downmix signal based on the spatial 
parameter information, 

wherein the metadata uses text format. 
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